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Previous to the development of amplifiers most of the 
instruments used in acoustical research depended for their 
operation upon purely mechanical principles. This paper 
includes a brief survey of such of these instruments as are 
still of interest in connection with the investigation of 
technical or research problems in acoustics, but it deals 


EASUREMENTS in acoustics may be said 

to date from the fifth century B.C., when 
Pythagorus observed that the lengths of strings 
giving the fifth, the fourth and the octave had 
the ratios 6 : 4 : 3, but no further really signifi- 
cant quantitative acoustic measurements were 
reported until the 17th century when the fre- 
quencies of vibration of the notes in the musical 
scale were determined by Mersenne.* The first 
systematic treatise on experimental acoustics was 
published by Chladni** whose work on the 
vibration of plates and diaphragms is well known. 
With respect to the development of present day 
acoustical instruments the most outstanding 
contribution of the last century was the appli- 
cation of diaphragms for receiving sound waves 
by Scott and Koenig. Such diaphragms not only 
are used in most of these instruments, but form 


* Mersenne, Harmonie Universelle, 1636. 
** Chladni, Die Akustik, 1802. 


primarily with the more recent electrical devices used in 
the study of air-borne sound waves. The limitations and 
fields of application of various electrical instruments, 
including microphones, particularly adapted to definite 
types of acoustic measurements, are discussed. 


an important element in two notable inventions 
of the last century, the telephone and the 
phonograph. 

One of the chief functions of an acoustic 
diaphragm is to translate the extremely small 
pressures of sound waves into comparatively 
large corresponding forces, but a diaphragm 
cannot deliver more power to a system than it 
absorbs from the sound field. Telephony over 
comparatively long distances was made possible 
by the invention of the carbon microphone, an 
instrument which is capable of translating the 
small powers of acoustic diaphragms into rela- 
tively much larger electrical powers. This micro- 
phone, while of great commercial utility, was, 
for a number of reasons, unsuited for most 
quantitative acoustic measurements. Practically 
all shackles were removed from the designer of 
acoustical instruments some twenty years ago 
through the invention of the vacuum tube 
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telephone amplifier. Previously his chief concern 
lay in making a device sufficiently sensitive to 
give a measurable response; now sensitivity 
became of secondary importance, and attention 
could be focused on the design of instruments 
which should be capable of performing their 
function without distortion. 

As a result of this invention, instruments 
depending upon an amplifier for their utility 
have come so to dominate the field of acoustic 
measurements that we might easily be led to 
disregard all others. A number of such other 
instruments have, however, in recent years been 
brought to a high state of development which are 
peculiarly suited either for the calibration of 
other devices, or for the study of certain special 
problems. This paper attempts to give a brief 
critical survey of the various types of acoustical 
instruments which at the present time are finding 
applications in technical fields and in acoustical 
research studies. 


GENERAL PRINCIPLES 
1. The Rayleigh disk 


That under certain conditions a torque is 
exerted on a thin disk suspended by a fine fiber 
in a stream of air was first observed by the late 
Lord Rayleigh,! who recognized in this phe- 
nomenon a means for measuring the intensity of 
sound. 

The following quantitative relationship be- 
tween the torque and the stream velocity was 
derived by W. Koenig:? 


7 = (4/3) por*u? sin 20, 


where pp is the mean density of the medium, r 
the radius of the disk, u the stream velocity, and 
6 the angle between the undisturbed stream and 
the normal to the disk. The assumptions under- 
lying the derivation of this formula are that the 
fluid is incompressible, that the disk is an 
infinitely thin ellipsoid and that there are no 
forces due to viscosity or to discontinuities of 
flow at the edges of the disk; i.e., the velocities 
are derivable from a potential. In view of these 
assumptions how far may we rely on the above 
formula in applying it to a suspended plane flat 
disk as commonly used for measuring the particle 


1Lord Rayleigh, Phil. Mag. 14, 186 (1882). 
2 Koenig, Wied. Ann. 43, 43 (1891). 
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velocity of a sound wave, where none of these 
assumptions are strictly fulfilled. In most acous- 
tical problems it is perfectly safe to assume a 
potential field as the forces due to viscosity and 
eddies are of the second order. With respect to 
the torque on the Rayleigh disk it is not so 
obvious that such forces may be neglected as the 
potential torque is itself of the second order. 
The effects of discontinuities in the flow at the 
edges and of viscosity have not been determined 
theoretically. To what extent these are negligible 
can be found out only by experiment. Strictly 
speaking we therefore cannot regard the Rayleigh 
disk as an absolute means for determining sound 
intensities, as is often implied. A number of 
experiments have been carried out to determine 
the accuracy of the Koenig formula. Koenig 
himself, in a subsequent paper,® made an esti- 
mate of the effect of the discontinuous flow at the 
edges and reported measurements of the torque 
exerted on a flat disk when placed in a steady 
stream of air of known velocity. As a result of 
these studies he came to the conclusion that the 
application of his simplified formula to the 
Rayleigh disk did not provide a reliable and 
simple method for measuring the absolute value 
of sound intensity. He felt that the effect of 
viscosity would probably also have to be taken 
into account. However, Koenig’s experiments 
were made under difficult conditions and it is 
possible that his measurements were affected by 
eddies in the air stream. 

Greater confidence in the accuracy of Koenig's 
formula is derived from the experiments of 
Zernow.* Zernow experimented with both thin 
true ellipsoids and flat disks; these were placed 
in a box attached to one prong of a tuning fork, 
the motion of which was observed micro- 
scopically. The tuning fork was driven at a 
frequency of 92 c.p.s. and the relation between 
the amplitude of motion and the resulting de- 
flection of the disk was determined. The values so 
found for the ellipsoids agreed remarkably closely 
with those computed by the formula. For the 
disks the agreement was within about 10 percent. 
On the basis of the values so found Zernow 
proposed an empirical correction factor which 
reduces to unity for infinitely thin disks. Barnes 

3’ Koenig, Wied. Ann. 50, 639 (1893). 

4 Zernow, Ann. d. Physik 26, 79 (1908). 
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and West,® using thinner disks, made measure- 
ments similar to those of Zernow. They found 
almost perfect agreement between the experi- 
mental and the theoretical values. They were 
able to show also, by measurements made at 
audiofrequencies with disks of different diame- 
ters, that the torque varied as the cube of the 
diameter, provided first, that the diameters did 
not exceed 1/5 wavelength, and secondly, that 
the disks were sufficiently rigid to be free from 
resonant vibrations at the measuring frequency. 
Mallet and Dutton® found that the torque was 
proportional to the square of the velocity up to 
velocities of 5 cm per sec. We might, however, 
expect that a torque resulting from discontinuous 
stream flow at the edges would be governed by a 
similar law. . 

No direct tests have been reported on the 
accuracy of the coefficient in Koenig’s formula 
above 92 c.p.s., at which Zernow’s measurements 
were made. However, sound intensities de- 
termined by the Rayleigh disk through the 
application of Koenig’s formula have been found 
to be in good agreement with those determined 
with a microphone calibrated by other inde- 
pendent means. All the tests of the formula have 
been made with plane or spherical sound waves 
of moderate intensity. This fact should be borne 
in mind in order to guard against the use of the 
device under conditions where the formula may 
not be applicable. Such may be the case, for 
instance, where the sound intensity is very high. 
Measurements in nonuniform sound fields re- 
cently made by Kotowski’ showed quite anoma- 
lous effects; in some cases the deflection was even 
in a direction opposite to that expected. 

One great disadvantage of the Rayleigh disk 
method of measuring sound intensity, as ordi- 
narily applied, is the fact that the disk will 
deflect under the action of a steady air stream. 
As the stream velocities in a sound wave are in 
any case quite small, circulating air currents may 
easily produce comparable deflections unless the 
instrument is well shielded therefrom. Under 
carefully controlled conditions measurements can 
be accurately made at sound intensities corre- 
sponding to pressures as low as one bar. 

5 Barnes and West, Inst. Elec. Eng. 65, 871 (1927). 


6 Mallet and Dutton, Inst. Elec. Eng. 63, 502 (1925). 
? Kotowski, E. N. T. 9, 404 (1932). 
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The effect of circulating air currents is greatly 
reduced in the method of measurement with the 
Rayleigh disk adopted by Sivian.* In this method 
the intensity of the sound to be measured is 
modulated at the source at a frequency of about 
0.4 cycle per second. The disk with its suspen- 
sion is proportioned so that its natural frequency 
is equal to this modulating frequency. The disk 
will then oscillate under the action of the modu- 
lated sound wave at an amplitude proportional 
to the square of the velocity. As circulating air 
currents generally have components lying below 
the modulating frequency they will have but little 
effect on the amplitude of the oscillations of the 


disk. 


2. Determination of intensity from static pres- 
sure measurements 


Another purely mechanical means for meas- 
uring sound intensity in absolute terms is based 
upon the fact that when radiant energy falls on a 
reflecting surface a static pressure is exerted on 
this surface, which in the case of sound is equal 
to? (y+1)//2c where J is the intensity and ¢ is 
the velocity of sound. A disk which just clears the 
opening in a plane baffle wall is attached to one 
arm of a torsion balance. From the deflection of 
the balance when sound falls at perpendicular 
incidence on the disk the radiation pressure and 
hence the intensity of the sound may be de- 
termined. This method has been successfully 
used in experiments with supersonic waves. At 
these high frequencies the diameter of the disk 
may be made a large fraction of a wavelength 
and the baffle may be omitted. At audio- 
frequencies the necessity of using a baffle is a 
distinct handicap to this method. 

Since the relation between pressure and con- 
densation in air is not strictly linear a sound wave 
will, under certain circumstances, produce a 
change in static pressure. For a plane wave this 
has been shown by Thuras, Jenkins and O’Neil!® 
to be equal to —(y+1)I/4c, where J is the sound 
intensity. Eichenwald!! has suggested that a 


8 Sivian, Phil. Mag. 5, 615 (1928). 

® Lord Rayleigh, Phil. Mag. 10, 366 (1905). 

10 Thuras, Jenkins and O’Neil, J. Acous. Soc. Am. 6, 173 
(1935). 

1! Eichenwald, Rend. Sem. Mat. e Fisico d. Milano 6, 
(1932). 
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measurement of this pressure should provide a 
means for determining the absolute value of the 
sound intensity. Such increments in static pres- 
sure can, however, exist only when equalization 
by air flow to regions of normal pressure is 
precluded, a condition not easily established in 
practice. 


3. Acoustic valve 


An extremely simple device for measuring 
sound intensities was devised by Kundt.” One 
end of a tube, which is placed in the sound field, 
is terminated by a valve which is so delicate that 
it will close during the negative and open during 
the positive half of the pressure cycle of the 
sound wave. The other end of the tube is 
terminated by a manometer. With perfect 
operation of the valve the sound wave will force 
air into the tube until the pressure indicated by 
the manometer is approximately equal to the 
maximum pressure in the sound wave. Recently 
Eisenhour and Tyzzer™ have developed a sound 
meter operating on this principle. It is provided 
with an ingenious type of sensitive manometer 
with which the pressures are indicated on a dial. 
It has a fairly uniform sensitivity up to 2000 
c.p.s. The construction of the valve used in this 
meter is not disclosed in the literature. However, 
Ribbentrop" recently has described a similar 
sound meter in which the valve consists of the 
wing of a house-fly placed over an opening. It 
is stated that the instrument is capable of giving 


reliable measurements for sound pressures above 
70 bars. 


4. Measurement of periodic changes in density 


As the optical index of refraction of an elastic 
medium depends upon the density, it is possible 
to measure sound by letting one of the paths of 
the light beams of an interferometer pass through 
the sound field while the other is shielded there- 
from. The interference fringes of the inter- 
ferometer will be displaced periodically in 
synchronism with the periodic variations in 
density of the wave. This method was first used 


2 Kundt, Ann. d. Physik 134, 568 (1868). 

138 Eisenhour and Tyzzer, J. Frank. Inst. 208, 397 (1929). 
14 Ribbentrop, Zeits. f. tech. Physik 13, 396 (1932). 

145 Boltzmann and Toepler, Pogg. Ann. 141, 321 (1870). 
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by Boltzmann and Toepler™ who in this manner 
observed the rather large variations in density 
within a sounding organ pipe. This method has 
the advantage that the measurements are inde- 
pendent of frequency but it is not very sensitive 
and at best is rather cumbersome. An interesting 
modification!® of this method has recently been 
applied in measurements of high frequency sound 
waves in liquids. At these high frequencies the 
wavelengths are so small that the spatially 
periodic variations of the density of the medium 
can act as a diffraction grating for light waves. 
This phenomenon has provided a neat means of 
picturing the propagation of high frequency 
sound waves in liquids.!” 


5. Instruments employing diaphragms and op- 
tical magnification 

In the phonautograph of Scott (1857) a 
circular diaphragm is actuated by sound waves 
and the motion is recorded on a moving strip of 
smoked paper by a stylus attached to the center 
of the diaphragm. The recorded amplitudes are 
no greater than the actual amplitudes of motion 
of the diaphragm which, except at the resonance 
frequency for very intense sounds, is so small 
that it cannot be accurately determined from the 
record. Small motions can be observed and 
recorded if the stylus is replaced by an optical 
lever. This arrangement in various forms has 
been used in the past by a number of investi- 
gators. It reached its highest state of develop- 
ment in the well-known phonodeik of D. C. 
Miller.!* In this instrument a horn is used for 
increasing the sound pressure acting on the 
diaphragm, the motion of which is magnified in 
some forms of the instrument by as much as 
40,000 times. By refinements in mechanical 
design and construction a remarkably uniform 
sensitivity was achieved. 


6. Microphones 


The instruments discussed so far operate 
without the benefit of electric current amplifiers. 
The important role that these amplifiers have 
played in recent developments of acoustic instru- 


16 Debye and Sears, Proc. Nat. Acad. Sci. 18, 409 (1932); 
Lucas and Biquard, J. de phys. et rad. 3, 464 (1932). 

'7 R, Baer and E. Meyer, Physik. Zeits. 34, 393 (1933). 

'8 Miller, Science of Musical Sounds, MacMillan and 
Company, 1922. 
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ments has already been indicated. To apply such 
amplifying means we must first of all have a 
device to convert sound power into electrical 
power. By far the most important instrument of 
this class is the microphone, which is a device 
that translates sound into corresponding elec- 
trical currents. When a medium is traversed by a 
sound wave it undergoes periodic variations in 
pressure, density, temperature and_ particle 
velocity. A device which translates any-one of 
these variations into corresponding electrical 
currents may be classified as a microphone. 

The great utility of the carbon microphone 
rests upon the fact that it in itself functions as an 
amplifier, i.e., the electrical power generated is 
greater than that absorbed from the actuating 
sound wave. The carbon microphone, however, 
has not been widely used for acoustic measure- 
ments, lacking the requisite stability and con- 
stancy. After amplifiers became available high 
sensitivity was no longer so important. It be- 
came possible to develop microphones in which 
high sensitivity was a subordinate property but 
which were stable and constant and relatively 
free from distortion. 

The sensitivity of a microphone as a function 
of the frequency can usually not be easily 
determined from its physical constants. It must, 
therefore, be calibrated to be useful for general 
acoustic measurements. Such calibrations are 
commonly made in terms either of the voltage 
generated per unit of pressure acting on the 
instrument, or of the voltage per unit of the 
pressure obtaining in a plane progressive sound 
wave before the microphone is placed in the 
sound field. The former is referred to as a pressure 
and the latter as a free field calibration. Very 
complete discussions of the various methods of 
effecting such calibrations have been given by L. 
J. Sivian'’ and by S. Ballantine.2° Unless the 
dimensions are small compared with the wave- 
length the microphone will diffract the sound 
waves and the pressure on the diaphragm will 
not be the same as that of the undisturbed sound 
field; for example, at normal incidence and at 
frequencies for which the wavelength is small 
compared with the diameter of the microphone 
the pressure will be doubled. The diffraction 


1? Sivian, J. Acous. Soc. Am. 3, 329 (1932). 
** Ballantine, Bell Sys. Tech. J. 10, 96 (1931). 
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effect exhibits itself, particularly in a variation in 
the response-frequency characteristic with angle 
of incidence of the sound wave, generally in not 
an easily predetermined manner. If the form of 
the instrument is that of a sphere it is possible to 
determine this variation with angle of incidence 
theoretically. Ballantine”! and also Oliver”? have, 
therefore, worked with instruments of this form. 
In any type of microphone diffraction effects can 
be entirely eliminated only by making the 
dimensions small compared with the wavelength. 

The calibration of a microphone for a particular 
sound field may be carried out by measuring the 
undisturbed field with a device which is small 
compared with the wavelength and then noting 
the response of the instrument when placed in 
this field. This kind of calibration, when made 
in a nearly plane progressive wave, is referred to 
as a free field calibration. For the standard 
measuring instrument a Rayleigh disk is com- 
monly used. This calibration is then applicable 
only for cases where we have substantially this 
type of sound field, i.e., when the microphone is 
at some distance from the source and all the 
sound is received by direct transmission. Where 
this condition is not fulfilled, the free field 
calibration is no true indication of the per- 
formance; for instance, when an instrument is 
used as a close talking microphone our experience 
indicates that in some cases at least an instru- 
ment having a flat characteristic, as obtained by a 
pressure calibration, delivers a voltage having 
frequency components of more nearly the same 
relative intensity as that in the voice when no 
microphone is near the mouth than does a 
microphone having a flat characteristic as given 
by a free field calibration. To eliminate diffrac- 
tion effects a number of investigators have 
constructed microphones of small size, to some of 
which reference will be made in subsequent 
sections. Where it is necessary to make measure- 
ments with an extremely small instrument, such 
as in the exploration of the sound field within 
conduits and horns, the most satisfactory method 
of procedure is to use a small tube leading to a 
chamber closed over the diaphragm of a larger 
microphone.”* The disadvantage of this arrange- 


2! Ballantine, Phys. Rev. 32, 988 (1928). 
2 Oliver, J. Sci. Inst. 7, 113 (1930). 
23 Sell, Wiss. Ver. d. Siemens-Konz. 2, 353 (1922). 
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ment is the fact that the loss in pressure through 
such tubes increases rapidly with frequency, so 
that at high frequencies it is necessary to work 
with high sound intensities or use uncomfortably 
high gain amplifiers. In working with single 
frequencies a great advantage in ease of measure- 
ment can be gained by the use of band-pass 
filters. 


6A Pressure microphones 


Although microphones may conceivably be 
designed to translate directly the periodic vari- 
ations of pressure, temperature, density, or 
particle velocity of a sound wave into corre- 
sponding electrical voltages, it is convenient to 
divide them into two classes: pressure micro- 
phones and velocity microphones, since the first 
three of the above characteristics of sound waves 
are proportional in any type of sound field. 

6A1 Condenser microphone. One of the first so- 
called high quality microphones developed for 
use with amplifiers was of the condenser type. 
This is in principle one of the simplest of all 
microphones. It consists essentially only of two 
parallel insulated plates, one of them fixed and 
the other movable under the action of the 
alternating pressure of the sound wave. When 
these plates are connected in series with a 
resistance and a battery an alternating current 
will flow in this circuit in accordance with the 
variations in capacitance between the two plates. 
The resulting potential variations across the 
resistance are impressed on the grid of a vacuum 
tube. 

A different method of using the condenser 
microphone has been described by Riegger.*4 The 
microphone is made a part of the capacitance 
element of a high frequency electric oscillator. 
The frequency of the oscillations are thus 
modulated in accordance with the sound pressure 
acting on the diaphragm. If the modulated 
current is transmitted through a circuit, the 
transmission of which varies linearly with the 
frequency, in series with a linear rectifier, the 
output current of the rectifier will correspond to 
the sound pressure. 

The condenser microphone as commonly used 
is of a size such that at the higher acoustic 
frequencies it will distort the sound field. The 


*% Riegger, Wiss. Ver. d. Siemens-Konz. 3, 67 (1924). 
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pressure and free field calibrations begin to 
diverge from each other at about 1000 c.p.s. To 
eliminate this distorting effect a number of 
investigators” have developed miniature con- 
denser microphones for laboratory use. Generally 
such instruments have been designed at a 
sacrifice in sensitivity and uniformity of response. 
The small size microphone developed by Harrison 
and Flanders, however, has a remarkably flat 
response frequency characteristic and a sensi- 
tivity comparable with that of the larger 
instrument. Still smaller condenser microphones 
have been constructed but at a sacrifice in 
sensitivity. 

At this point it may be of interest to give an 
example which illustrates the great advantage 
that the vacuum tube amplifier has given us in 
the design of sound measuring instruments. 
With an amplifier having a uniform amplification 
from 50 to 10,000 cycles, it is possible to measure, 
under favorable conditions, voltages as low as 1 
microvolt. The amplitude of motion of the 
diaphragm of a common form of condenser 
transmitter delivering this voltage is about 10-" 
cm, or about 1/1000 of an Angstrom. This 
illustrates the extremely small amount of motion 
that has to be imparted to the moving element of 
the measuring instrument. Not even with an 
optical interferometer could we hope to evaluate 
displacements so small. 

6A2 Moving coil microphone. The condenser 
microphone has inherently a high electrical 
impedance, so high in fact that any attempt to 
connect the microphone to an amplifier by leads 
of appreciable length results in a loss of voltage. 
To avoid this loss an amplifier of at least one 
stage has generally been placed in close con- 
nection with the microphone. However, since the 
input impedance of a vacuum tube is also high, 
the microphone can be connected to it without 
the use of an impedance transformer, a distinct 
advantage at the time when transformers of good 
frequency characteristic were not available. 
During the last few years, through the develop- 
ment of new magnetic materials and advances in 
design, it has been possible to build transformers 
having a substantially uniform response over the 
whole acoustic frequency range. This develop- 


2° K. Hall, J. Acous. Soc. Am. 4, 83 (1932); Harrison and 
Flanders, Bell Sys. Tech. J. 11, 451 (1932). 
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ment has made it possible to design microphones 
operating on electromagnetic principles; which 
have a good response-frequency characteristic 
and a greater sensitivity than the condenser 
microphone. They have an important advantage 
over the condenser microphone in that, because 
of their relatively low and constant impedance, 
they may be connected. to the amplifier by a 
relatively long cable without appreciable loss. 
One such instrument?’ is shown diagrammatically 
in Fig. 1. The diaphragm has attached to it a 
coil which lies within a radial magnetic field. As 
the voltage generated by an axial motion of the 
coil is proportional to the velocity, if the same 
voltage is to be generated at all frequencies 
under a given sound pressure, the impedance of 
the moving element must be independent of 
frequency. This type of impedance characteristic 
over a wide frequency range is obtained by 
properly proportioned air chambers and resist- 
ances in back of the diaphragm. This microphone, 
when provided with a coil having an electrical 
resistance of 20 ohms, will generate 10~* volt per 
bar of sound pressure. The smallest voltage that 
can be measured at the terminals of a resistance 
is limited by the voltage due to thermal agitation 
of the electrons,?” which under normal conditions 
and for a frequency band of 15,000 c.p.s. is 
equal to 7X 10~ volt for a resistance of 20 ohms. 
Hence the smallest pressure that it is possible to 
measure with this microphone is about 710-4 
bar. However, over a narrow band of frequencies, 
or at a single frequency, measurements may be 
made down to still lower pressures if the circuit is 
provided with a band pass filter. The sensitivity 
of this instrument is higher than that of any 
other microphone of comparable frequency range 
at present available. In evaluating some of the 
other microphone principles we shall, therefore, 
use its sensitivity as a reference, without meaning 


*6 Wente and Thuras, J. Acous. Soc. Am. 3, 44 (1931). 
77 J. B. Johnson, Phys. Rev. 32, 97 (1928). 
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Fic. 2. Operating range of moving coil microphone. 


to imply that sensitivity is the sole criterion of 
the merit of a microphone. There is also an 
upper limit to the sound intensities that may be 
measured with this instrument. This is governed 
by the maximum amplitude of excursion that the 
diaphragm can make without the generation of 
appreciable harmonics. The upper and lower 
limits at the various frequencies are shown by the 
curves in Fig. 2. The upper limit is taken as the 
pressure at which the higher harmonic compo- 
nents of the voltage are equal to three percent of 
the fundamental. The lower limit represents the 
pressure at which the signal voltage is just equal 
to the voltage of thermal agitation. For com- 
parison the corresponding auditory range is 
indicated by the cross-sectioned area. It will be 
noted that when operated at its full frequency 
range even this relatively sensitive microphone is 
incapable of translating practically sound of 
intensities as low as the ear can hear. 

This instrument, which in a similar form is 
used as a commercial microphone, is several 
inches in diameter and so is not without effect on 
the sound field. Where a certain amount of 
operating range and sensitivity may be sacrificed, 
as in many acoustic measurements, it is possible 
to construct this instrument in a much smaller 
form. 

6A3 Capillary and magnetostriction micro- 
phones. Besides the electrostatic and electro- 
magnetic methods of translating the mechanical 
pressures of a sound wave into corresponding 
electrical potentials, there are other electro- 
mechanical phenomena which may be applied for 
the purpose. Outstanding among these are the 
capillary electrometer, magnetostriction and 
piezoelectric action. 

When a potential is applied at the interface 
between an electrolyte and mercury the surface 
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Fic. 3. Latour capillary microphone. 


tension is changed. If the mercury is in a capillary 
tube the change in surface tension will result in a 
change in position of the mercury; conversely, 
when a force tending to move the surface is 
applied, there will be a resulting change in 
potential across the interface. This phenomenon 
has been applied in the design of microphones. 
One form of construction of such an instrument 
is shown in Fig. 3, taken from a paper by 
Latour.”* The instrument appears to have been 
used but little up to the present time and there 
seems to be very little in the literature regarding 
its performance. 

Magnetostriction also has found little applica- 
tion in microphones for air-borne waves at 
audiofrequencies, although this principle has 
been applied with notable success in both the 
generation and detection of ultraaudio waves by 
G. W. Pierce and in the generation of audio- 
frequency waves of high intensity in liquids.” 

6A4 Piezoelectric microphones. The application 
of piezoelectric action in the construction of 
acoustic microphones was first made by A. M. 
Nicolson,*® who used Rochelle salt as the active 
material. Rochelle salt is unique in that its 
piezoelectric constant is about a thousand times 
as great as that of any other crystal. It has, 
however, several characteristics which would 
appear to render it unsuitable for use as a 
measuring microphone. It is mechanically fragile 
and its piezoelectric activity, under normal con- 
ditions, varies greatly with temperature, falling 
to a very low value for temperatures above 23°C. 
R. D. Schulwas-Sorokin*' found, however, that 


28 Latour, Comptes rendus 186, 223 (1928). 

29 Gaines, Physics 3, 209 (1932). 

30 Nicolson, Trans. Am. Inst. Elec. Eng. 38, 1315 (1919). 
31 Schulwas-Sorokin, Zeits. f. Physik 73, 9, 700 (1932). 
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by the application of a static stress the tempera- 
ture coefficient could under certain conditions be 
greatly reduced and the activity extended to 
higher temperatures. C. B. Sawyer® found that 
if two thin slabs are cut and cemented together in 
such a way that one of the slabs will expand and 
the other contract when a potential is applied 
between the interface and the two outer surfaces, 
variations of activity with temperature are 
reduced to a low value. Presumably stresses are 
set up in the slabs by temperature variations 
which the temperature coefficient of 
activity in accordance with the experiments of 
R. D. Schulwas-Sorokin. Sawyer has utilized 
these so-called bimorphic slabs in the construc- 
tion of microphones. Single elements can be 
constructed of sufficiently small dimensions to 
avoid diffraction of the sound. In order to obtain 
microphones of greater practical efficiency a 
number of elements may be used in combination. 
If these elements are mounted symmetrically the 
translating efficiency will be the same in all 
directions about the axis of symmetry, as is the 
case for any microphone having an axis of 
symmetry. The amount of variation in respect to 
other directions depends upon the relation be- 
tween the dimensions and the wavelength. Ac- 
cording to the published data the sensitivity of a 
multiple element microphone of this type is 
about 25 db below that of a moving coil 
instrument.** 

Of the more common piezoelectric crystals 
tourmaline possesses a characteristic which 
renders it peculiarly suitable for the absolute 
measurement of sound intensities at all audio- 
frequencies, in that it may be so cut into slabs 
that a potential difference will be developed 
between its lateral surfaces when it is subjected 
to a purely hydrostatic pressure. Because of this 
characteristic Sir J. J. Thomson* suggested its 
use for measuring pressures in gun barrels. Such 
a slab of tourmaline, having dimensions small 
compared with the wavelength, except for its low 
sensitivity, is the ideal microphone. Tourmaline 
is mechanically strong and its activity is practi- 
cally constant under all atmospheric conditions. 


% Sawyer, Proc. I. R. E. 19, 2020 (1931). 

3% A. L. Williams, J. Soc. Motion Picture Eng. 23, 196 
(1934). 

4 Sir J. J. Thomson, Engineering 107, 543 (1919). 
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Resonant frequencies in the slab lie far out of the 
range of audiofrequencies so that its response at 
all frequencies is the same and is easily deter- 
mined from static or low frequency measgsure- 
ments. Unfortunately the sensitivity of such a 
device is low, some 70 db below that of a moving 
coil microphone. In spite of this low sensitivity it 
can be used for calibrating other microphones if 
sound waves of rather high intensities are used 
and if the electrical circuit is provided with a 
band-pass element transmitting only frequencies 
in the immediate neighborhood of the measuring 
frequency. A measuring system of this character, 
unlike the Rayleigh disk, is not subject to 
disturbances from circulating air currents. 

6A5 Thermometric microphones. As the pres- 
sure variations in a sound wave are accompanied 
by corresponding variations in temperature, 
corresponding electrical currents will be gener- 
ated by a resistance thermometer or a thermo- 
couple when placed in the sound field. The 
temperature variations are of the order of 
0.0001°C per bar acoustic pressure. The use of a 
resistance thermometer (for measuring these 
periodic temperature variations) was first investi- 
gated by Heindlhofer,*® and more recently by 
Friese and Waetzmann,** who found that at a 
frequency of 1000 c.p.s. a wire 0.0004 cm in 
diameter will undergo temperature variations 
equal to about 0.15 of the variations in the 
surrounding medium. To derive an alternating 
electric current from the periodic resistance 
variations that follow the temperature variations, 
a direct current must be passed through the wire. 
The heat generated by this current, unless it is 
kept down to an extremely small value, will set 
up convection currents around the wire and so 
greatly complicate the operation. 

The thermocouple is entirely free from this 
objection, but is not readily constructed so as to 
have a heat capacity as small as the Wollaston 
wire. Recently A. E. Johnson*’ has been able to 
make thermocouples with exceedingly small heat 
capacities with which measurements have been 
made up to 5000 cycles and it is stated that they 


35 Heindlhofer, Ann. d. Physik 37, 247 (1912); 45, 259 
(1914). 

3° Friese and Waetzmann, Zeits. f. Physik 29, 110 
(1925); 31, 50 (1925); 34, 131 (1925). 

7 Johnson, Phys. Rev. 45, 645 (1934). 
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are usable up to several hundred thousand cycles. 
They are so small that they do not alter the 
sound field by diffraction and are free from 
resonance effects inherent in most instruments 
depending upon mechanical movement. As com- 
pared with other types, thermocouple micro- 
phones have a low sensitivity, at least 100 db 
below that of the moving coil microphone, 
according to the data given by Johnson. 


6B Velocity microphones 


All the preceding types of microphones depend 
ultimately for their operation upon pressure 
variations in the sound wave. As the two primary 
characteristics of sound are pressure variations 
and alternating flow of the air particles, it is 
possible also to design microphones which gener- 
ate voltages in accordance with the velocity of 
the air particles. 

6B1 Hot wire microphone. One form of micro- 
phone of this character depends upon the change 
in resistance of a heated fine wire resulting from 
changes in temperature produced by the trans- 
verse flow of air. A microphone operating on this 
principle was first devised by Tucker** and used 
extensively during the war for locating enemy 
artillery. In order to increase the sensitivity and 
reduce distortion a steady stream of gas should be 
passed across the wire. An application of this 
principle to the construction of a microphone is 
shown in Fig. 4. Maximum response is obtained 
when the direction of the sound wave coincides 
with the direction of the steady stream. At a 
given frequency the resistance variation is nearly 
proportional to the product of the steady stream 
velocity, the particle velocity of the sound wave 
and the cosine of the included angle. Since 






MEMBRANE TRANSMITTING 
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Fic. 4. Hot wire velocity microphone. 





38 Tucker, Phil. Trans. 221, 389 (1921). 
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Fic. 5. Method of reducing effect of interfering waves with 
velocity microphone. 


velocity in contrast with pressure is a vector 
quantity, a velocity microphone will respond 
selectively to sound coming from certain direc- 
tions even at low frequencies. This characteristic 
is of considerable advantage in certain types of 
measurements, for it is often possible so to place 
and orient the instrument that its response is a 
minimum for an interfering or disturbing sound 
and a maximum for the sound to be measured. 
An illustration of such an application in sound 
measurement or pick-up is shown in Fig. 5 where 
‘ the instrument is so placed that it will receive the 
sound directly from the source, but is insensitive 
to the sound reflected from the floor or neighbor- 
ing wall. Other examples of acoustic measure- 
ments, where benefit is derived from the di- 
rectional characteristics of the velocity micro- 
phone, are discussed in a recent paper by Wolff 
and Massa.*® 

There is one other important difference in the 
performance of velocity and pressure micro- 
phones. In a plane progressive wave particle 
velocity and pressure are strictly proportional at 
all frequencies. For a spherical sound wave, the 
radius of curvature of which is small compared 
with a wavelength, this is no longer true. If we 
have a simple source of constant strength 
A cos ket, the pressure at a distance r is given by 


(Apf/2r) sin k(ct—r), 


where p is the density, c the velocity of sound, 
and k is equal to w/c. The particle velocity is 
given by 


(Af/2cr)[1+(A/2xr)?}! sin [k(ct—r)+y], 


39 Wolff and Massa, J. Acous. Soc. Am. 4, 217 (1933). 
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where y is a function of \ and ¢. It will be seen 
that the pressure varies inversely with the 
distance for all frequencies, while the relationship 
between velocity and distance involves the 
wavelength, or frequency. In Fig. 6 are given 
some response-frequency characteristics for 
several distances from the source of a velocity 
microphone having a uniform characteristic for 
plane waves. The change in characteristic as the 
instrument is brought close to the source is very 
marked. Some care is, therefore, required in 
interpreting the results of measurements made 
with this type of instrument. On the other hand, 
a pressure microphone, except in so far as 
diffraction may modify the sound field, will 
exhibit the same form of response-frequency 
characteristic at all distances from the source, so 
the wave form of the voltage generated by a 
pressure microphone will be the same for all 
positions in the free sound field of a simple source. 
This difference in characteristics of the two types 
of instruments is easily observed by comparing 
reproduced speech when the microphones are 
first placed near and then at some distance from 
the speaker’s mouth. 

6B2 Ribbon microphone. A form of micro- 
phone, which has been extensively used in recent 
years, is the ribbon microphone. Essentially it 
consists of a very thin strip of aluminum with 
circuit terminals at its two ends. This ribbon is 
placed in a magnetic field so that the lines of 
force lie in the plane of the ribbon and perpen- 
dicular to its long dimension, as shown in Fig. 7. 
Motion of the ribbon set up by sound waves will 
then generate a potential between its terminals. 
This type of microphone construction was first 
suggested by Reinganum.*° It was developed into 
a practical form by Gerlach*! and Schottky.” 








RESPONSE 
IN DECIBELS 





FREQUENCY IN CYCLES PER SECOND 


Fic. 6. Response of velocity microphone as a function of 
distance from source. 


49 Reinganum, Physik. Zeits. 11, 460 (1910). 

4! Gerlach, Physik. Zeits. 25, 675 (1924); Wiss. Ver. 
d. Siemens-Konz 3, 139 (1923). 

# Schottky, Physik. Zeits. 25, 672 (1924). 
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They apparently preferred to shield one side of 
the ribbon so that the instrument operated as a 
pressure microphone. H. F. Olson,* recognized 
the greater simplicity of the instrument” in 
construction and in operation if both sides of the 
ribbon were freely exposed to the air. Con- 
structed in this way the instrument is virtually a 
velocity microphone at least at low frequencies. 
At the higher frequencies the ribbon with its 
surrounding structure almost completely shields 
the rear from sound reaching the front of the 
ribbon at perpendicular incidence. Under these 
conditions the instrument operates substantially 
as a pressure microphone, but even at these 
frequencies sound reaching the instrument from a 
direction parallel to the’ plane of the ribbon is 
without effect. Curves published by Olson on the 
directional characteristics of this microphone 
show that in a plane perpendicular to the axis of 
the ribbon the variation of response with direc- 
tion follows approximately a cosine law, where 
the angle is measured from a line drawn normal 
to the plane of the ribbon. The relationship is 
more complicated over a plane passing through 
the axis of the ribbon. 

A microphone that responds to the velocity of 
the air particles has equal sensitivity for sound 
waves traveling in opposite directions. Wein- 
berger, Olson and Massa have modified the 
ribbon microphone so that its response is not the 
same for the positive as for the negative direction 
of propagation of the sound wave. So modified 
the microphone has a greater response for sound 
waves coming towards one side of the ribbon than 
for those coming towards the other side. In a 
plane wave the magnitude of the pressure and 
the velocity are proportional. For waves traveling 
in a positive direction the two are in phase and 
for waves traveling in the negative direction they 
are in opposite phase. If then a pressure and a 
velocity microphone of equal sensitivity are con- 
nected in series the resultant voltage will be 
double for sound of normal incidence coming 
from one direction and equal to zero for sound 
coming from the opposite direction. Weinberger, 
Olson and Massa placed an appropriate acoustic 
impedance over a part of the ribbon so as to give 


*% Olson, J. Acous. Soc. Am. 3, 56 (1931). 


“ Weinberger, Olson and Massa, J. Acous. Soc. Am. 5, 
139 (1934), 


INSTRUMENTS 11 





Fic. 7. Ribbon microphone. 


this part the characteristics of a pressure micro- 
phone, while the other part of the ribbon was 
left free so as to function as a velocity micro- 
phone. The voltage at the ends of the ribbon is 
then proportional to the vector sum of the 
pressure and the velocity in the sound wave. In 
this way a pressure and velocity microphone 
combination is obtained in one instrument. It is 
insensitive to sound falling at perpendicular 
incidence on one side of the ribbon but not to 
sound propagated in the plane of the ribbon, as 
in the case of a velocity ribbon microphone. 


ELECTRICAL INSTRUMENTS OF PARTICULAR IN- 
TEREST IN ACOUSTICAL STUDIES 


So far our discussion has been restricted mainly 
to microphones and instruments used in their 
calibration. There have, of course, in recent years 
been developed many other devices especially 
adapted for the quantitative study of particular 
acoustic problems, but a rather extensive dis- 
cussion of the microphone has been given because 
it is an adjunct in almost all of these other 
instruments. In great part acoustic measure- 
ments are today made by first translating sound 
into a corresponding amplified electric current. 
The results of measurement or analysis of this 
current may then be referred back to the sound 
if the characteristics of the translating device are 
known. The type of analyzer or measuring 
instrument applied to the electrical circuit de- 
pends then altogether upon the kind of informa- 
tion that is desired. Strictly speaking we should 
classify these not as acoustical but as electrical 
instruments. In fact, every kind of electrical 
instrument may at times find an application in 
the study of acoustic problems. We must, there- 
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Fic. 8. Diagrammatic arrangement of Curtis oscillograph. 


fore, necessarily restrict ourselves to a discussion 
of the kind of instruments which can give types 
of information of general acoustical interest. 


1. The oscillograph 


If we wish to obtain a complete picture of the 
sound wave the microphone amplifier output is 
connected to an oscillograph, which is a device 
for translating a time pattern of the electric 
current into a corresponding space pattern. If 
an undistorted pattern is to be obtained, not only 
must the various harmonic components of the 
current and the recorded wave have the same 
relative amplitudes, but their phase relationships 
must be preserved. One form of instrument very 
closely satisfying these conditions up to about 
10,000 cycles is a Curtis string oscillograph,* 
which is a modified form of the Einthoven 
galvanometer. The arrangement of this instru- 
ment is shown diagrammatically in Fig. 8. It 
records the wave form optically on photographic 
paper, which is automatically developed and 
fixed within a fraction of a minute after exposure. 

In certain types of problems one of the various 
recording devices employed in the production of 
sourd pictures may be used advantageously. 
These instruments have, in general, not been 
designed to be free from phase distortion but the 
records are in a form suitable for reproduction so 
they lend themselves particularly to the study 
of the subjective aspects of sound. 


45 Curtis, Bell Sys. Tech. J. 12, 76 (1933). 


WENTE 


When the sound wave to be studied is steady, 
the wave form can be conveniently observed or 
photographed by means of a cathode-ray oscil- 
lograph. These instruments are now to be had in 
convenient form. When used with an automatic 
sweep circuit, as suggested by Bedell and 
Reich,*® the wave: form of any steady state 
current is shown as a stationary pattern on a 
screen. These oscillographs are generally free 
from both frequency and phase distortion up to 
the highest audiofrequencies. 


2. Harmonic analyzers for steady currents 


If we wish to study the composition of a sound 
wave in terms of its harmonic components we 
may, of course, analyze the oscillographic records 
by means of any one of the well-known methods 
of harmonic analysis, but this is at best a 
laborious process. Also, it is usually difficult to 
read an oscillogram with sufficient accuracy to 
determine the magnitude of any component that 
is much smaller than that of the maximum 
component. When the conditions are such that a 
current can be steadily maintained, the analysis 
can be made much more conveniently and 
generally over a wider range of amplitudes by 
means of one of a number of recently developed 
types of current analyzers. These analyzers, 
although the mode of operation may differ in the 
various types that are available, have the com- 
mon characteristic that they transmit only a 
narrow band of frequencies with the position of 
the band adjustable along the frequency scale. 
For analyzing a current wave the mid-frequency 
of the transmission band is shifted along the 
whole frequency range and the magnitude of the 
current in each frequency region is recorded or 
noted on a meter. This type of analyzer may also 
be used to get a statistical distribution of the 
power with respect to frequency when the sound 
is not periodic, as in certain kinds of noise. 


3. High speed analyzers 

For the rather detailed study of sounds whose 
wave form varies with time, such as those of 
music or speech, an instrument is needed which 
shall indicate the variations with time in the 
frequencies and amplitudes of all the harmonic 
components. Analyzers of the type just described 


46 Bedell and Reich, Science 63, 619 (1926). 
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indicate at a given instant the amplitude of only 
one component. In order to follow variations in 
all the components it would be necessary to 
sweep the frequency of transmission of the 
analyzing circuits rapidly back and forth over 
the frequency range of interest. The selective 
element of the analyzer, however, possesses a 
finite time constant; that is, when the selective 
circuit is set at a given transmission frequency a 
finite time is required for the transmitted ¢urrent 
to reach a certain fraction of its steady state 
value and, similarly, a finite time is required for 
the current to decay to a certain fraction of this 
value when the transmission frequency is 
changed. This time constant depends to some 
extent upon the shape of the transmission vs. 
frequency characteristic of the analyzing circuit 
but, in general, it bears an inverse relation to the 
selectivity. It is, therefore, not possible with an 
analyzer of this type, having a single variable 
selective element, to perform a rapid analysis 
without sacrificing resolution. This difficulty can, 
however, be circumvented if the analyzer is 
provided with a large number of fixed selective 
elements which are continuously operative. To 
build up the large number of required circuits 
from electrical elements would be extremely 
costly and would result in a bulky piece of 
apparatus. A compact form of analyzer having a 
large number of fixed selective mechanical ele- 
ments has recently been described by C. N. 
Hickman." This device has a series of tuned reeds 
all driven electromagnetically at the same time 
by the current to be analyzed. The reeds are 
tuned so that their resonant frequencies differ 
progressively by equal pitch intervals. 120 reeds 
are used to cover the range from 50 to 3200 
cycles. The deflection of each reed is made 
visible by the projection on a screen of a spot of 
light reflected from a mirror attached to the reed. 
The strength of each component in the current 
may thus be observed simultaneously on the 
screen or, if desired, the deflections may be 
recorded photographically. 

A different and ingenious approach to this 
problem has been made by E. Meyer*® in a 
recently described instrument. By methods well 
known in communications engineering the fre- 





* Hickman, J. Acous. Soc. Am. 6, 108 (1934). 
*’ Meyer, Zeits. f. tech. Physik 12, 630 (1934). 
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quency of each component in the current to be 
analyzed is increased by an equal amount. A 
special high frequency loudspeaker translates 
the resultant currents into sound waves which 
are now all of very short wavelength. These 
waves are reflected from a concave grating made 
up of a large number of equally spaced rods. The 
component waves are brought to a focus at 
different points along a focal surface analogous to 
the dispersion of light waves by an optical 
grating. A high frequency microphone is moved 
back and forth along the focal plane through an 
amplitude large enough to cover one order of the 
spectra. This microphone is connected to an 
appropriate meter which records optically the 
intensity at various parts of the spectrum, which 
have a 1 : 1 correspondence with the component 
frequencies in the original current. 


4. Measurement of pitch 


For acoustical studies, where it is of no 
particular importance to know the wave form, 
but interest lies in the variation of pitch with 
time, as in the study of the vibrato in musical 
tones, or in the inflections of the speaking voice, 
several types of instruments have been devised. 
Perhaps of these the most widely known is the 
tonoscope developed by C. E. Seashore® and his 
associates, which operates on the stroboscopic 
principle. This instrument has rows of uniformly 
spaced dots on a rotating cylinder, the number of 
dots increasing in successive rows. A neon light 
is made to flicker in synchronism with the 
fundamental of the tone under investigation. 
The particular row which under the light appears 
stationary gives the pitch of the tone at any in- 
stant. By the aid of a suitable camera the time 
variations of pitch may be recorded photographi- 
cally, giving a so-called strobophotograph. 

A frequency recorder operating on a different 
principle has been described by Hunt.*° By a 
special circuit arrangement, employing gas-filled 
discharge tubes in combination with a spark 
recorder, the pitch of a tone can be recorded on 
paper. The scale is linear up to 8000 cycles. 
This instrument is capable of following changes 
in pitch at a high rate of speed. 


49 Seashore, J. Acous. Soc. Am. 2, 77 (1930). 
59 Hunt, Rev. Sci. Inst. 6, 43 (1935). 
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Fic. 9. Auditory chart. 


5. High speed level recorder 


In some important types of sound measure- 
ments we are not interested in a detailed analysis 
of the sound wave but merely in the variation 
with time of the average level of the sound, as in 
the measurement of the rate of decay in a room 
or the flow of energy in speech, music or noise. In 
some cases this average is preferably taken over 
long and in others over short time intervals. For 
long time averages, a thermocouple or rectifier 
and an ammeter may be used, but for short time 
averages an instrument is required which can 
follow changes in intensity at a higher rate of 
speed. Frequently also the range of intensities 
over which we desire to make measurements of 
this character is very wide. Reverberation 
measurements are preferably made over a range 
of at least 60 db and the level range of orchestral 
music covers about 75 db. Several instruments 
designed for such purposes have been described 
recently.*! In the instrument described by Wente, 
Bedell and Swartzel the level is recorded by a 
stylus on waxed paper. The recorder can be 
adjusted to give either a short or a long time 


51 Hunt, J. Acous. Soc. Am. 6, 54 (1934); Wente, Bedell 
and Swartzel, J. Acous. Soc. Am. 6, 121 (1935). 


average. At the higher speeds it is capable of 
following changes in intensity at the rate of 
840 db per second and fluctuations in intensity 
of about 100 per second. The instrument may be 
adjusted so that the full scale covers a range of 
30, 60 or 90 db. 


LoOUDNEss MEASUREMENTS 


The preceding discussion was restricted to the 
purely objective or physical aspects of sound. In 
certain types of acoustic problems, as in the 
study of noise, we are, however, interested in 
subjective characteristics, but we do not yet have 
instruments which respond to an acoustic stimu- 
lus in the way the brain does through the ear. In 
fact we are not yet completely clear as to the 
relationship between sensation and _ stimulus, 
although Fletcher and Munson® have developed 
formulae whereby the loudness level of a steady 
sound can in most cases be computed from the 
intensity level of its components. For single pure 
tones the relationship between sensation and 
stimulus has been extensively explored with the 
results which are indicated in the auditory chart 
shown in Fig. 9, as given by Fletcher and 


2 Fletcher and Munson, J. Acous. Soc. Am. 5, 82 (1933). 
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Munson. The various curves give the intensity 
level of pure tones of equal loudness. This chart 
gives some idea of the complexity of the relation- 
ship between loudness and stimulus. The thresh- 
old of audibility of course varies widely with 
frequency and the relationship between sensation 
level and intensity level is not the same at the 
various frequencies and levels; for instance, at a 
loudness level of 40 db above threshold, a change 
of 5 db in the stimulus at 100 cycles produces the 
same change in sensation as a change of 10 db 
at 1000 cycles. Flechner’s law does not hold 
strictly over a wide range of intensities at any of 
the audible frequencies. The difficulty of devising 


INSTRUMENTS 15 


an instrument which would have similar charac- 
teristics is apparent. ‘‘Sound level meters’’ have, 
however, been designed which give a reading 
which is approximately proportional to the sub- 
jective intensity of the sound. These meters are 
generally so designed that they have a frequency 
characteristic corresponding to the auditory 
curve at about the level of the noise being 
measured. They have proved themselves ex- 
tremely useful although from our knowledge of 
hearing phenomena we might expect large vari- 
ations in the actual loudness of sounds of different 
character, even if a noise meter of the above type 
should show them to be equal. 
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A. VOLUME VII 


Velocity of High Frequency Sound in Small Tubes 


GARDNER A. Norton,* Cruft Laboratory, Graduate School of Engineering, Harvard University 


(Received January 31, 1935) 


This study of the velocity of high frequency sound in 
small tubes covers the range of frequency from about 10 to 
80 kilocycles per second, and in diameter from 1/2” to 
3/16’. The method of G. W. Pierce, using magnetostriction 
oscillators, has been followed, providing high accuracy of 
measurement. Careful precautions in the construction were 
taken to eliminate the variations due to humidity, impu- 
rity, and to spurious reflections. The results tend to support 


definitely the Helmholtz-Kirchhoff reduction law, but 
provide a smaller observed value of the constant for pure 
air compared to the theoretical value. The value of free 
space velocity derived from these experiments checks that 
independently obtained by Grabau, using a similar method 
in air, to within 1 part in 4000. Hence the present tube 
method may be applied to delicate measurements of sound 
dispersion in pure gases, and their mixtures. 





HE object of this investigation was to make 
precise measurements at high frequencies 
of the so-called ‘‘tube dispersion” of sound in air, 
when sound is propagated inside small cylindrical 
tubes. This effect postulates a change of velocity 
with frequency, which becomes greater for a 
smaller tube. The problem must be attacked 
with exact measurement of the independent 
variables, frequency, diameter and temperature. 
Other conditions must be kept constant, such as 
humidity content of the air, if their variable 
effect cannot be completely eliminated. The wide 
divergence of previous experimental results by 
various methods is doubtless attributable to the 
lack of control of these factors. To measure the 
effect in dry CO+-free air and compare the meas- 
urements with those derived from the theoretical 
Helmholtz-Kirchhoff relation for the same is 
the present task. If this can be done for air, the 
precision method may be more widely applied to 
pure gases and gaseous mixtures. In these cases, 
it appears that the artificial tube dispersion may 
be of the same order of magnitude as the gas 
dispersion, which makes an accurate knowledge 
of the tube effect alone of primary importance 
in the latter type investigations. 

The present research is a further application 
of magnetostrictive sound devices of the type 
first described by Professor G. W. Pierce! for the 
production of and velocity measurement of high 
frequency sound. Piezoelectric crystals at very 
high frequencies have been employed, whereas 
the medium high frequency range available by 


* Author now associated with Arthur D. Little, Inc., 
Chemists and Engineers, Cambridge, Mass. 
1G. W. Pierce, Proc. I. R. E. 17, 42 (1928). 





this method is, in round numbers, from 5 to 120 
kilocycles per second. 

The method at basis consists in establishing 
harmonic longitudinal vibrations in the rod, 
which are induced by the alternating current 
from the magnetostriction oscillator through 
cylindrical coils surrounding the rod. In the 
region of some natural frequency of the rod, 
usually the fundamental longitudinal mode, the 
mechanical vibrations of the rod exert a con- 
trolling effect back upon the electrical circuit 
frequency, and the electro-mechanical system 
then exhibits its useful property, that of fre- 
quency stabilization. One may thus measure 
directly the frequency of vibration of the rod by 
measuring the electric frequency of the circuit. 
Sound of the same frequency is being radiated 
from the plane end faces of the rods, which are 
cylindrical, and of diameter such that they will 
just slip into the sound tube. 

To apply such a system to precise velocity 
measurements use is made of the familiar stand- 
ing wave resonance method used by Pierce,! 
Grabau? and others, when a reflector of the same 
end area as that of the rod face is introduced into 
the sound tube. At the critical resonant points 
of the air column, spaced down the tube at 
regular intervals of the half wavelength (A/2) of 
the sound, the accompanying minute reactions or 
peaks of plate current in the oscillator are mag- 
nified by means of a sensitive direct-current 
amplifier system, and are observed in a micro- 
ammeter. The frequency is also measured at the 
same time by an independent means, so that 


2M. Grabau, J. Acous. Soc. Am. 5, 1 (1933). 
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VELOCITY OF SOUND IN SMALL TUBES 17 


the apparent measured velocity in the tube 
results from multiplying the wavelength times 
the frequency, and thus obtained, is reduced to a 
standard temperature of 20°C or to 0°C. 

Several factors closely adhered to in the series 
of chosen experiments included the following: 
(1) Distance from source not less than 10 \/2, 
corresponding to the avoidance of the Fresnel 
region in the optical case; (2) Similar internal 
conditions in the series of tubes as to surface and 
clearances, or relative size of tube and source rod. 
Tubes were all polished and of the same material; 
(3) Constant temperature conditions and exact 
temperature measurements; (4) Exact frequency 
measurement; (5) Method of determination of 
\/2 values, by the average method used by G. 
W. Pierce® using all possible intercombinations; 
(6) Air circulations minimized or eliminated; (7) 
Humidity constant or zero; (8) Tube diameter 
chosen properly with respect to the wavelength 
to avoid plane diffraction; (9) Wall thickness 
over a minimum value to avoid yielding of the 
walls. These factors are noted because a careful 
preliminary study of these effects in detail 
showed that the experimental results obtained 
may be intimately related to the method of 
making the measurements, unless conditions are 
exactly controlled with respect to the above 
factors. 


APPARATUS AND PROCEDURE 


The apparatus is shown by reference to the 
schematic Fig. 1, where the magnetostriction 
oscillator is the electrical driving system to 
sustain small metal rods in oscillation, thus 
providing the source of high frequency sounds, 
from 5000 to 120,000 cycles, and at diameters 
ranging from 1/2’ to 1/16”. The advantages of 
the magnetostriction rod system are that a 
series of frequencies may be used with constant 
face area; the ends move in phase and do not 
present the complexity of motion common to 
most piezocrystal sources; their electric circuits 
are as easily adapted to the precision measure- 
ment of frequency as crystals, to 1 part in a 
million with care; and the action of gas or water 
vapor does not change the rod frequency, as it 
may in a crystal. The chief limitations are caused 
by the increased temperature coefficient of fre- 


*G. W. Pierce, Proc. Am. Acad. Arts. Sci. 60, 271 (1925). 
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Fic. 1. Schematic outline of the electrical apparatus, for 
wavelength and frequency measurement. 


quency over crystals, demanding either accurate 
temperature control or an accurate method of 
measuring instantaneous frequency; and, as the 
rods are laid inside the tube, they must be 
accurately machined to preserve low decrement 
or sharpness of resonance and to keep them co- 
axial with the sound tube. 

From the standard magnetostriction oscillator 
assembly one output goes to a single stage d.c. 
amplifier and recording instruments for the pur- 
pose of detection and magnification of the 
current changes induced in the oscillator by 
the reactions of the air column. As the best com- 
promise between high sensitivity and stability, 
a one-stage d.c. amplifier, employing a screen 
grid ER232, was used. This tube was run at 
slightly greater than normal filament voltage. 
Further, the grid bias was continuously ad- 
justable by a potentiometer, in order to be able 
to set always at the same operating point on 
the linear portion of the grid-voltage plate- 
current characteristic. This is necessary as the 
common practice in location of a sound peak is 
to take points on either side of the actual peak, 
or maximum current value, which give the same 
current reading, and average them. This ob- 
viously requires a linear system between voltage 
input and current output. 

Another output goes to an amplifier and fre- 
quency meter system for the purpose of meas- 
uring the periodic frequency of the electric- 
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Fic, 2. Harmonic selector and amplifier for precise frequency comparison of 
selected harmonics of standard and source rod. 


oscillator circuit (and hence the period of the 
sound source) with high precision. Heterodyne 
beats are produced by harmonics from the rod 
being mixed in the harmonic selector with 
suitably chosen upper harmonics of the high 
precision standard frequency timing train of 
Cruft Laboratory. This standard frequency 
assembly furnishes precisely controlled electric 
harmonics to better than 1 part in 10° of three 
main multivibrator systems, whose fundamentals 
are at the frequencies 1000, 10,000 and 50,000 
cycles. The audiofrequency beats are then 
amplified by a three-stage resistance-coupled 
amplifier and read directly on an audiofrequency 
meter. 

The harmonic selector and amplifier (Fig. 2) is 
for the purpose of picking out suitable upper 
harmonics of both the rod and the standard 
frequency timing train, which are close enough 
together to produce audible beats. An auxiliary 
high-pass filter may be used before, if necessary. 
This unit is a three-stage resistance-capacity 
coupled amplifier, wherein a tuned circuit re- 
places the usual resistance in the plate circuit 
of the first tube, to select suitable frequency 
ranges to produce heterodyne audio-beats. From 
preliminary studies, it appeared that the high 
mutual conductance of the type °57 tubes in 
conjunction with external plate resistances of the 
order of 0.1 to 0.25 megohm (and also the 
absence of the dynatron characteristic) should 
render them useful in a _ high-gain voltage 


amplifier. These tubes were found to act much 
more stably after suppressor resistances, by- 
passed to ground by large capacitances, were 
introduced into all plate and screen leads. With 
certain combinations of screen grid, plate and 
grid potentials, a mutual conductance of 1800 
micromhos was obtainable, with a very small 
d.c. plate current drain of the order of only 0.2 
milliampere. 

The use of musical relationships in beat notes 
was often employed in the picking out of har- 
monics by the harmonic selector. For example, 
take the harmonics afforded by a certain rod, 
around 37,700 cycles, 


Condenser Frequency 
setting Beat note THarmenic of source 
100 805 4 37,701.2 
21 1600 8 37,700.0 
10 2420 12 37,701.0 
0 3220 16 37 ,700.6 


The integral relation between the prominent 
approximate beats 805, 1600, 2420, 3220, are 
identified by octaves, and if beats had occurred 
with certain of the intermediate odd 50 kc 
harmonics, they would be recognized as major 
fifths. By this means a series of convenient 
harmonics may be quickly picked out. 

The beat amplifier was made up according to 
more or less standard design for a resistance- 
coupled amplifier of medium gain. Separate 
batteries were used to eliminate feedback, and it 
was shielded. It was found advisable to separate 
this unit from the previously described amplifier 
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by two feet or so. The output from the last '57 
tube was fed through a blocking condenser of 
large value to the first grid of the beat amplifier. 
The temperature of the copper reflector head and 
of the adjacent air column was measured by 
thermoelements inside the reflector, very near its 
surface. A standard form of potentiometer 
circuit with standard cell was employed, pro- 
viding measurements accurate to 0.01 degree C.* 
Also, calibrated thermometers were mounted in 
the air column of the tube, behind both source 
and reflector to check drifts of temperature. 
The precision screw to move the reflector was the 
instrument used in the previous research of 
Grabau on sound velocity in air. This instrument 
was again carefully calibrated against the stand- 
ard meter bar of the Jefferson Physical Labora- 
tory, by means of a suitably mounted low power 
microscope with ocular micrometer. Precautions 
to insure rigidity against vibration and move- 
ment of both the screw and table had to be 
taken. Even special castor oil was found useful 
to minimize jerks of the carriage moving the 
piston reflector, as the low linear speed of the 
carriage over the ways brought about an un- 
stable condition of film lubrication when using 
medium mineral oils. 

The complete set-up of the tube, precision 
screw, and auxiliary apparatus for absorption of 
CO, and water vapor was arranged in a base- 
ment constant temperature room. The electrical 
apparatus and the thermocouple circuit were in 
the adjoining room, where the observer could 
make the measurements, control the motion of 
the screw by a suitable handle, and record 
thermometers through a window. As to the 
choice of metals for the sound sources, stainless 
steel, monel and elinvar were used. The latter, 
described recently by Ide,‘ were found to be 
favorable for sound production and circuit con- 
trol, utilizing their property of small temperature 
coefficient of frequency, and small change of 
resonant frequency with field. The limit of d.c. 


* The calibrations of these elements and thermometers 
were carried out by the kind loan of the facilities of the 
precision temperature baths of the Chemistry Department, 
through the courtesy of Professor Grinnell Jones, and of the 
Laboratory of General Physiology, through the courtesy of 
Professor W. J. Crozier and Dr. Morgan Upton. 

*J. M. Ide, Proc. I. R. E. 22, 177 (1934). 
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polarizing field in the rods used was set by the 
heat developed near the source which acted to 
change slightly either the rod frequency or the 
air column temperature. The tubes, from 1/2” 
inside diameter down to 3/16’, were all of black 
Bakelite, which was easily machined and capable 
of high polish on the interior. For the energizing 
coils for the high frequency rods a new type of 
construction using concentric winding was em- 
ployed. It was found that this compact type of 
coil gave better circuit frequency control, though 
the reactions on the driving circuit at resonance 
were smaller than when using the standard 
system of separately wound grid and plate coils. 
Further precautions were found necessary in 
making soldered connections to the filament 
batteries, and setting the latter on glass plates 
to avoid leakage; also, for having tight bushings 
and connections to the sound tube to prevent 
air leakage, but yet allow the tube set-up to be 
occasionally taken down for inspection, or fre- 
quent change in adjustment of sound rods. For 
the latter, a special lapped end joint was made, 
so that the delicate alignment of the tube and 
precision screw axis need not be disturbed when 
changing the frequency of the source, by using 
another rod. 


FREQUENCY MEASUREMENT 


The method of precise measurement of fre- 
quency of the rod has been outlined, by simply 
following the magnified changes of suitably 
chosen upper electrical harmonics of the source. 
This provides an accuracy of at least 1 part in 
50,000 for each determination taken during 
the course of wavelength runs. Apropos of fre- 
quency measurement is the question: Does the 
frequency shift appreciably when going through a 
sound peak? This was investigated for two 
cases. 

(1) The general case of a random sound peak at an 
‘‘average’”’ distance from the source, of the order of 30—50 
cm at a frequency of 10,000 cycles (1/2”’). 

(2) An ‘‘extreme” case of a 30 kilocycle rod (3/8’’) anda 


large sound peak chosen as near as the 10th half-wavelength 
from the source. 


By means of cutting the rod so that a beat of 
say 1002 cycles is produced with the 10 kc 
standard, and in turn beating this against the 
1000 cycle standard, a very slow “‘double beat”’ 
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Fic. 3. Typical sound peak response curve of d.c. ampli- 
fier and accompanying minute change of frequency reac- 
tion of sound source rod, as air column is tuned through 
resonance. 


(2 per sec.) is produced. The variation in this 
double beat may be counted by a stopwatch, 
and can give variations to 1 part in a million, 
by counting beats for an interval of 1 minute. 
The results are shown for case 1 in the graph of 
Fig. 3. It is noted that the frequency does shift 
very slightly, and furthermore the maximum 
shift in frequency is out of phase with the actual 
maximum of the sound peak. This phase differ- 
ence may vary with the amplitude apparently. 
However, the actual frequency change is so 
small, 5 parts in a million, that it does not intro- 
duce appreciable error to neglect it, for the 
average case. It is interesting to note the re- 
semblance of this frequency shift curve of the 
“mechanical circuits,” if we consider the air 
column and rod oscillator as a primary and 
secondary, to the standard case of forced elec- 
trical coupled circuits, for primary frequency 
when the secondary is tuned, or the Max 1-2 
curve. For case 2, the results show that the fre- 
quency change may be much larger, near the 
source where the air column is short. Also, this 
change is enhanced if the rod is short, being 
greater for the higher frequency rods. If the 
frequency shift is as marked as this, 1 part in 
10,000 or greater, it was noted that usually the 
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zero shifts at the same time of the indicating 
microammeter. These facts again necessitate 
that sound frequencies must be very accurately 
measured, especially for short columns of air. 


WAVELENGTH MEASUREMENT 


The intervals were chosen to include a con- 
venient number of half-wavelengths of sound, 
varying from 5 to 20 with the frequency used. 
Before a series of interval measurements can be 
considered as a group of arithmetic numbers to 
be averaged by means of Pierce’s* method of all 
possible intercombinations, the intervals have to 
be corrected for frequency and temperature 
change. Thus, say four intervals are measured. 
The last three intervals may have appreciable 
correction terms which if applied give the four 
intervals which would have been measured if 
temperature and frequency had stayed constant. 
The variations in that case would be only those 
of inaccuracy of measurement, and the theory of 
averages could then be more rigorously applied. 
The expression for the interval as influenced by a 
change of temperature or of frequency during the 
measurement may be simply derived on the 
assumption that for small variations, the perfect 
gas laws are obeyed, or that velocity is pro- 
portional to the square root of the absolute 
temperature. If d; and dz are the scale distances 
as measured on the screw of two sound peaks, 
(d2—d,) the interval between, \,; the wavelength 
at d;, and de the wavelength at ds, At the tem- 
perature change, Af the change of frequency 
=(fe—f;), and m=number of \/2 moved over in 
the interval, the expression for \_, becomes 


2(d2—d) E d; ( At ~)] 
ho= ——_—_—_——_ [| —_-_—_} |. 
nN 2 (do —_ d;) 2 T, fi 


The corrections in apparent interval or wave- 
length due to the term Af/f; are usually so small 
as to be negligible. The actual frequency drift is 
small, but if it exists, it can be measured. 
However, the term At/27, may introduce cor- 
rections of the order of 1 part in 1000 or more, 
as it is of the order of say 0.4/600 multiplied by 
the factor d,/2n. 

For any measurement of tube velocity, the 
intervals have been tested for need of correction 
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by this relation. The apparent complexity is 
simplified in this way, that any correction terms 
become rapidly less with an increasing number 
of intervals, as At and Af both tend to approach 
zero. If they do actually vanish, the intervals 
may then be averaged as stated. Further, length 
changes in the screw may be calculated and are 
found, even under extreme conditions, not to 
influence the result to more than 1 part in 
100,000. The final average value of the interval 
is then translated into the wavelength desired, 
at the corresponding temperature and frequency. 
This value is reduced to the wavelength at 
20°C, for a standard temperature. The final 
results are then reduced to 0°C. 


REDUCTION FORMULA AND ASSUMPTIONS 


The theoretical Helmholtz-Kirchhoff law aims 
to relate the apparent or measured velocity in a 
small tube to the constant free space velocity. 
Modifying influences are the viscosity of the air 
as influenced by the walls, and increased heat 
conduction loss in the gas. These operate to 
produce a second order defect in the velocity as 
measured in a small tube. The form of the tube 
velocity-reduction law is the well-known rela- 
tion, where if 
V.= Measured tube velocity in m/sec., 

V,=Free space velocity, 
y’=Constant involving the constants of the gas, 


r= Radius of tube, 
f=Frequency, 


then V;= V.[1—y’/2r(af)*]. In its fundamental 
relation 


y' = Fn(v=p/p; v' =0/pC.; y= C)/C,) 
or vy’ =L(u/p)?+(y?—1/7*)(0/pC,)*], 


where » = Coefficient of viscosity c.g.s., 
p= Density, 
6=Coefficient of thermal conductivity, 
C.=Specific heat at constant volume, 
vy = Ratio of specific heats, 
v=Kinematic coefficient of viscosity. 


The complete expression for the velocity re- 
duction law was derived on the 
assumptions: 


following 


(1) that the gas in contact with the walls is at rest; 
(2) that the gas in contact with the walls is at the same 
temperature as the walls; 
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(3) that the temperature of the walls is constant; 
(4) that there are no irregularities in the motion of the gas, 


induced by either irregularity of shape of the walls, or 
by circulation effects. 


This assumes the walls to be smooth and the 


. chamber regular in shape. These conditions, in 


the practical terms of construction and pre- 
caution in experiment, have been adhered to as 
closely as possible in the present research. 
Further, a wide range of frequencies and tube 
diameters has been used, in the range where the 
effects are found to be larger and more accurately 
observable. 


MEASUREMENTS OF TUBE VELOCITY 


The results of the measurements of the tube 
velocity of sound in dry CO,-free air, as a 
function of diameter of the tube and of frequency, 
are presented both in a series of graphs (Figs. 4 
and 5) and in tabular form in Table I, over the 
range of diameters 1/2” to 3/16”. For com- 
parison, sets of calculated values are plotted in 


TABLE I. Averaged results of tube velocities at various diam- 
eters and frequencies—20°C. 








FREQUENCY 


VELOCITY CaLc. A* 
14”’ Thick wall 

5250 342.78 +0.02 m/sec. 342.54 —0.24 
11400 342.94 +0.03 342.92 —0.02 
14800 342.79 +0.07 343.01 +0.22 
20000 343.03 +0.04 343.11 +0.08 
30000 343.14+0.10 343.23 —0.08 
40000 343.14+0.03 343.29 +0.15 
55000 343.28 +0.03 343.34 +0.06 
68000 343.31+0.05 343.38 +0.06 
80000 343.48 +0.05 343.40 —0.08 

111000 343.60 £0.01 343.45 —0.15 
36”’ Thick wall 
10000 342.73 40.05 342.59 —0.14 
20000 343.13 40.03 342.93 —0.21 
30000 343.43 40.03 343.05 —0.38 
37000 343.39 +0.01 343.12 —0.27 
48000 343.49 +0.09 343.28 —0.21 
Thin wall 
15000 342.86 40.12 342.78 —0.08 
20000 342.97 +0.05 342.93 —0.04 
30000 342.88 +0.10 343.05 +0.15 
37000 343.09 +0.04 343.12 +0.03 
48000 343.17 +0.02 343.28 +0.11 
we 

6000 342.40 +0.02 341.95 —0.45 
10000 342.55+0.01 342.32 —0.23 
13000 342.87 +0.13 342.45 —0.42 
20000 342.88 +0.04 342.74 —0.14 
30000 343.01+0.15 342.87 —0.13 
40000 343.03 +0.06 342.97 —0.06 
60000 343.24+0.02 343.19 —0.05 

a’ 

6000 341.11+0.05 340.97 —0.14 
13000 341.98 +0.28 341.82 —0.16 
16000 342.21+0.08 342.03 —0.18 
26000 342.72 +0.04 342.38 —0.34 
47000 343.00 +0.06 342.71 —0.30 








* \ =Difference between calculated and observed values of tube ve- 
locity. For sign, use the relation A =(Calc. —Obs.). 
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Fic. 4. Tube velocity as a function of frequency for diameter of 19’. Experimental points 
given by the round circles. The full curve (A) is calculated by means of the theoretical Helm- 
holtz-Kirchhoff relation for comparison. Curve A, for dry CO.-free air; curve B, with no drying 
precautions taken, to show increase of apparent tube velocity for room humidity over curve A. 
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Fic. 5. Tube velocity as a function of frequency, for diameters of 14" and 3;"’, in dry CO»-free 
= oe ‘ ; tat Wt dine 4 , 
air. Experimental values as shown by the points, with the full curves calculated by the Helm- 


holtz-Kirchhoff equation. Curve D, diameter of tube 14 


the smooth curves of Figs. 4 and 5, using the 
theoretical Helmholtz-Kirchhoff law as given 
above, in which the value for free-space velocity 
in air is that derived from the collected results 
of the present research, by the method to be 
described shortly. This value is V at 20°C 
= 343.71 meters/sec. Further, in Table II is 
presented a representative group of tube velocity 
measurements as taken, the average of which 
provides one value in Table I of tube velocities. 

The results of tube velocity, it will be noticed, 
follow the trend of the theoretical reduction 
equation for each diameter, over the range of 
frequency 6000 to 80,000 cycles as may be seen 


7 3¢r 


; curve E, diameter of tube ;’’. 


from the curves in the case of the smaller tube 
diameters. 

It will be noted that in Fig. 4 the experimental 
points lie with a spread on both sides of the 
theoretical curve, whereas in Fig. 5 the points 
show a divergence more to the upper side of the 
theoretical curve. Two measurements were made 
at 20 kc, one of which did not check because of 
some circumstance such as an air leak possibly, 
but this value is included along with the other 


runs. 

The next best method of attack is to discard 
completely any attachment to theoretically de- 
rived values, and to plot all the observations ob- 
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TABLE II. Sample data of tube velocity runs. 13" tube, 
55,000 frequency. 











RUN Temp. FAcToR FREQ. V V’at20°C op 

110 0.6140 19.90 1.00017 55875.0 343.07 343.13 0.15 
111 0.6142 19.96 1.00006 55868.3 343.14 343.16 12 
112 0.6144 20.00 1.00000 55860.5 343.20 343.20 O8 
113 0.6148 20.01 0.99998 §5853.8 343.38 343.38 .10 
114 0.6138 19.65 1.00060 55890.6 343.05 343.26 02 
115 0.6141 19.67 1.00056 55889.4 343.22 343.41 .13 
116 0.6139 19.68 1.00054 55887.5 343.09 343.27 O1 
117 0.6143 19.71 1.00050 55882.2 343.28 343.41 od 


Average =343.28 








yv =0.74 
P.E. =0.03 
Run =Serial number of run. 
r =Wavelength in cm. 
Temp. =Corrected mean temperature °C. 
Factor = Temperature reduction factor to 20°C. 
Freq. =Average frequency during run. 
V =Velocity in meters/sec. at T°C. 
V’ =Velocity in meters/sec. corrected to 20°C. 
v = Deviation from mean or average velocity. 
Lv =Sum of the deviations from the mean. 
P.E. =Probable error of the mean in meters/sec. and is given by 


0.8453 XDv/n(n —1) 4. 


tained independently, where the tube velocity 
obtained is plotted against either the reciprocal 
of diameter or the reciprocal of f?. This has been 
done, and yields a graphical method that con- 
firms the law, in its relation to either of the 
variables of tube diameter and frequency, with 
the other held constant. 

Finally, another general method may be 
applied to the present data which does not 
depend upon other previous measurements of 
free space sound velocity as a reference value. 
This analysis should give a substantial argument 
as to whether the law holds or not, and also 
give the numerical value of the free space sound 
velocity as determined by these tube experi- 
ments. 

The method is essentially to plot observed 
tube velocities against the reduction term value 
for all frequencies and all diameters. Putting the 
law of velocity reduction into the form 


Vi=V..1—y'/2r(af)!] Vi=Tube velocity 


or =V,—y'V,/2r(af)! V,=Free space velocity 


this amounts to plotting V, against the ex- 
pression y’/2r(xf)} which is now called the 
“term value.’’ Therefore, a single straight line 
should fit all the experimental values for the 
complete series of frequencies and the various 
diameters, if the Helmholtz-Kirchhoff law holds 
in the aggregate. For each measured value of 
tube velocity V,; one has a definite value of 


r and f. The intercept on the velocity axis, 
corresponding to the point where the reduction 
term becomes zero, is then the value of free 
space velocity V, as determined by the closed 
resonance tube method. This value may then be 
compared with other independently measured 
values of free space velocity. 

Thus, the complete set of data is plotted in 
Fig. 6 in the effort to check whether the law 
actually holds under the conditions of these 
experiments, and to determine therefrom what 
the values of the independently derived free 
space velocity V, and the constant y’ are. 
The ordinates are tube velocity in meters/sec. 
and the abscissae are ‘‘term value” in arbitrary 
units. Each point of the plot represents an 
average value of tube velocity obtained at one 
value of frequency at one value of tube diameter, 
and is the average of from four to twelve runs, 
where each run averages say 40 to 100 observa- 
tions. The method of least squares is then applied 
to the present data, and yields from the intercept ° 
a free space velocity of 331.76 meters/sec. at 
0°C which agrees to within 8 parts in 33,000 
with the average value of Dr. Grabau obtained 
by independent research in these laboratories. 
His value was 331.68 meters/sec. for dry CO+- 
free air at 0°C, but it may be pointed out that 
his value depended upon a known correction for 
and measurement of the relative humidity. 

The constant y’ comes out smaller than the 
theoretical value of 0.54 c.g.s. from the data of 
Fig. 6. It is 0.495 at 20°C or 0.47 at 0°C. From 
the theoretical side, several factors may operate 
to reduce this constant from the theoretical 
value 0.54 c.g.s. These, which have been dis- 
cussed at length by Henry® are: 


(A) Decreasing y' or tube effect and increasing 
velocity 


(1) Finite thermal conductivity of tube and finite specific 
heat of tube. 

(2) Slip between gas and walls, or noninfinite coefficient of 
friction at the inner surface of tube. 

(3) Nonperfect heat transfer, with a temperature jump at 
the boundary, thus making compressions and ex- 
pansions more nearly adiabatic. 

(4) Rapidly damped temperature waves pass into the wall 
effectively raising the temperature. 


5 P.S. H. Henry, Proc. Phys. Soc. 43, 340 (1931). 
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FiG. 6. Tube velocity at all diameters and all frequencies plotted against the reduction term 
value. Each point represents an average value of measured tube velocity at one particular 
value of tube diameter and frequency. This graph comprises the data for about 200 individual 
runs. The straight line is obtained by the method of least squares. The value of free-space 
velocity as derived from this graphical method is 343.71 meters/sec. at 20°C. 


(5) Process of thermal conduction may be influenced in 
the gas by the nearness of loops and nodes at supersonic 
frequencies. 


Thus it is reasonable to expect that the constant 
y’ will be smaller than the theoretical values, 
unless there are effects operating to increase y’. 


These effects are the following: 


(B) Increasing vy’ or tube effect and decreasing 
tube velocity 


(1) Roughness of the walls of tube. 

(2) Irregular motion of the gas in the tube, circulations or 
eddies. 

(3) Oscillation of the piston reflector and of the gas behind. 

(4) Yielding of the tube walls, induced by the sound. 


These conditions, favorable to the increase of 
y’ were avoided by care in the construction of 
the apparatus, and choice of values, such as 
roughness, oscillation and other unordered 
effects. 

Now, it has been stated that preliminary 
experiments were carried out to show under 
what conditions yielding and irregular circulation 
effects may be avoided. Thus, it seems reasonable 
that the thermal effects noted above in (A) may 
group together to provide a lowering of the 
constant y’, though each individually provides 
an unobservably small change of the constant. 
Further, other conditions leading to the variable 
results widely reported on this type of measure- 


ment were carefully investigated, such as velocity 
increase near the source, which may become 
serious within 10 \/2, avoidance of plane diffrac- 
tion phenomena by choosing a proper relation of 
diameter of the source to the wavelength of 
sound emitted. If this is not done, the super- 
position of first and second diffraction maxima 
by multiple reflection down the tube will render 
ordinary wavelength measurements very dis- 
turbing and correspondingly inaccurate. 

One assumption underlying the derivation of 
the reduction law is that no yielding of the walls 
takes place. This factor, if present, should 
operate to reduce the tube velocity as noted 
above. Hence, two cases of thin-walled tubes 
were tried, to see if any lowering of velocity 
could be definitely observed. The two cases 
were for internal diameters of 1/2” and 3/8”. 
No effect was found in the 1/2” tube which was 
greater than the probable error. This might be 
expected, as the two wall thicknesses tried were 
both too thick to give much yielding. 

The same experiment was then repeated for 
two 3/8” tubes, over a frequency range from 
10,000 to 50,000 cycles, using specially chosen 
rods to give the maximum sound output, or 
driving force. The walls were chosen of widely 
different thicknesses, 0.32 cm and 0.08 cm. 
The results are plotted in Fig. 7 and show a 
marked lowering of velocity in the thin-walled 
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Fic. 7. Tube velocity as a function of frequency, for thin 
and thick-walled tubes of the same internal diameter, 
illustrating the effects due to yielding of the tube on ap- 
parent velocity measurement. Curve A, *s” inside diam- 
eter, thick wall (¢=14’’); curve B, *,”’ inside diameter, 
thin wall (¢= ¢@4"’). 


tube as has been predicted. The points are con- 
nected by curves and the effect seems to be 
divergent with increasing frequency. This may 
be identified with a mode of radial resonance of 
the tube being set up, as the frequency increases. 
Following Lamb, who derives an expression for 
the frequency of radial vibration of a circular 
tube, we take 


n=(Eg/p.)?/27R, 


p.= Density in g/cm’, 
E=Young’s modulus in g/cm?, 


R= Radius in cm, 
g=cm/sec.? 


A sample tube was tested for specific gravity and 
Young’s modulus, and found to have values, 
which, substituted in the formula, give as a 
first approximation to ” the value 


1.25 453.6 X 10° 980) ! 
n=( ———_—__—— +) / 2=(0.56) 
6.542 X 1.35 





|S 


64,000 cycles/sec. 


This formula is of course only an approximation 
as it does not involve Poisson's ratio. However, 
it is of interest that the yielding apparently 
increases as the resonance frequency is neared. 
If this were a true resonance phenomenon, one 
would expect that beyond the frequency 64,000 
the velocity values for the two tubes should 
approach each other again. This was not carried 


out because no rod available beyond 60,000 
cycles gave enough intensity or power to settle 
this point. Again it is worth noting the small 
effect actually observed, of the order of only 1 
part in 900, but still above the probable error. 
Such a result could not be trusted unless the 
precautions inherent to exact frequency and 
wavelength measurement are employed. This 
effect has been predicted by Rayleigh and by 
Henry but is ordinarily unobservable unless 
conditions are so chosen as to bring it out, such 
as extreme thinness of the tube and the fre- 
quency near that of a mode of radial resonance. 

The accuracy of determination of velocity 
may be estimated by taking the probable percent 
error of the various factors. For the lower fre- 
quencies, we find that the probable error of the 
mean (P.E.) of the wavelength is larger than for 
the high frequencies, both because of the broad- 
ness of the peaks, and also the fact that the mean 
value applies to fewer nodal positions. The 
numerical error ranges then from 0.05 percent 
down to 0.02 percent. The P.E. for frequency 
averages about 1 part in 50,000, with an upper 
limit at 0.01 percent. The temperature was 
readable and constant to 0.02°C which means 
0.02 percent uncertainty in velocity. Thus, for 
any individual determination of tube velocity, 
the total probable error is on the average about 
0.05 percent. On this basis, the grand average 
of a series of runs for a given diameter involves a 
probable error of the mean of not more than 1 
part in 3000. The value of free space velocity as 
derived from the complete data is then trust- 
worthy to at least 1 part in 4000, or better. 

To summarize briefly the results of this in- 
vestigation: 

(1) The Helmholtz-Kirchhoff law is definitely 
supported in the main by the results of this 
study of tube sound velocity. One may thus 
predict the “tube effect’? for nondissociating 
gases to at least 0.04 percent. Agreement at 
high frequencies is of the order of 1 part in 
3000. 

(2) The value of free space velocity as ob- 
tained from this work checks that value de- 
termined independently in free air in these 
laboratories to within 8 parts in 30,000 at com- 
parable conditions of temperature, dryness and 
composition. 
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(3) A numerical value of the constant y’ is 
obtained which is smaller than the theoretically 
calculated value. The direction and amount of 
the difference are reasonable. The actual value 
of the constant may be used in further sound 
work in gas velocity measurement. 

(4) The precision sound technique at high or 
supersonic frequencies may be applied to the 
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search for small dispersions of velocity for other 
real gases, or gaseous mixtures, at considerable 
gain in experimental ease over the ‘“‘free space” 
method. 

The author wishes to acknowledge his grati- 
tude for the guidance of Professor G. W. Pierce, 
under whose direction this investigation was 
carried out. 
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On the Tone Quality of Pianoforte 


R. N. Guosu, University, Allahabad, India 
(Received January 7, 1935) 


ECENTLY attention has been drawn to the 

question of change of quality by! emotional 
touch in the playing of the pianoforte. The 
result of the study is that there is no change of 
quality in the aerial vibrations without change 
of loudness, and even for a change of velocity of 
impact of the pianoforte hammer by 35 percent, 
hardly any change in the tone quality could be 
detected. 

The writer’s own experimental results confirm 
this view, and further lead to the conclusion 
that the vibration curve of the string is inde- 
pendent of the velocity of impact of the felt 
hammer. Whatever be the velocity of impact, 
the time displacement curve of any point of the 
string has been found to possess the same shape 
and form. The velocity of impact was about 
100 cm/sec. or more and different velocities 
were arbitrarily imparted (very small velocities, 
however, being avoided) but the vibration curve 
was found to preserve in all cases its one definite 
characteristic shape and form. 

The change of tone quality in aerial vibrations 


1 Hart, Fuller and Lusby, J. Acous. Soc. Am. 6, 80 (1934). 


observed by the authors, with the loudness in 
the case of the pianoforte, must therefore be 
ascribed to some other causes. If we remember 
that in the case of the pianoforte the free vibra- 
tions of the sound board play an important part 
in controlling the aerial tone quality, it is easy 
to explain these changes of the tone quality. 
The greater the velocity of impact the larger 
will be the amplitude of free vibrations of the 
sound board. Other strings of the pianoforte 
remain in contact with the damper, hence they 
are not excited at all. 

Three curves have been reproduced by the 
authors for different velocities of impact, viz., 
88.4, 152.4 and 512.0 cm/sec., respectively. 
To what extent the free vibrations modify the 
vibration curves can be gauged from the annexed 
curves for the string and the sound board of the 
pianoforte, recorded simultaneously. The former 
is found to be a two-step zig-zag curve while 
the latter is entirely different from the other. 

In the case of strings struck by a felt hammer, 
the form of the vibration curve of any point of 
the string will depend upon (1) the position of the 
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Fic. 1. (1) Aerial vibrations; (2) Sound board vibrations; (3) Vibrations of 
string. 
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striking point, and (II) the duration of impact, 
everything else remaining constant. The duration 
of impact in the case of felt hammer for velocities 
of the order of 100 cm or more has been found to 
be independent of the velocity of impact. In 
fact the law holds good so long as 7)/U is a 
fraction, 7») being the tension of the string and 
U the elastic strength of the hammer felt. 

A change of 35 percent in the velocity of 


GHOSH 


impact, as stated before, has hardly any effect 
on the tone quality; this means that the duration 
of impact does not change with the velocity of 
impact, otherwise changes in the tone quality 
should result. This is found to be true only when 
the compression of the felt of the hammer is 
proportional to the first power of its displace- 
ment. All these results are in agreement with 
the writers’ theory and experimental results. 


are =- 


cle 


low. 


JULY, 1935 


A. 


Ss. 


A. VOLUME VII 


An Analysis of the Vibrato from the Viewpoint of Frequency and 
Amplitude Modulation 


J. R. Totmie, Seattle, Washington 
(Received,October 4, 1934) 


INTRODUCTION 


HE primitive manifestions of the vibrato 

may be traced to the ancient world where in 
the third century A.D., the Roman grammarian, 
S. Pompeius Festus, first defined the trill, a 
form of musical embellishment closely resem- 
bling the vibrato. Thence its gradual develop- 
ment may be traced through the literature of 
music to the form it possesses today. Recent 
experimental researches! have demonstrated that 
the vibrato consists of a rhythmic fluctuation of 
pitch or of a coincident variation of both pitch 
and intensity. Such phenomena lie within the 
realm of modulation, and it is from this view- 
point that the problem is approached in the 
following investigation. The pitch vibrato is con- 
sidered both as a continuously variable or 
warbling tone and as a spectral distribution of 
closely adjacent unvarying side tones. The 
synthesis of these views is then expressed in 
the symbolism of revolving vectors thereby dis- 
closing in detail many of the underlying features 
of tonal blending. Superimposed intensity varia- 
tions are also considered, and the effect of phase 
displacements between the two types of modula- 
tion determined. Following this are a few 
closing remarks which it is hoped may serve to 
direct attention to the application of the vibrato, 
or of vibrato-like effects to electrical musical 
devices. 


THEORY OF THE PITCH VIBRATO 


Before proceeding further it is desirable to give 
a quantitative definition of the vibrato. An 
artistic vibrato consists of a periodic oscillation 
in pitch occurring at a frequency of approxi- 
mately 6.5 cycles per second and having an 
extent of a half-tone for vocal and a quarter tone 
for instrumental music. Frequently it is accom- 
panied by a synchronous variation in intensity 
of from 2 to 3 db which is usually in step or 


' The Vibrato, edited by Carl E. Seashore, University of 
lowa Studies, The Psychology of Music, Vol, 1. 
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180° out of phase with the pitch variation. 
Small fortuitous variations in both pitch and 
intensity are invariably superimposed upon these 
primary oscillations but are believed to arise 
from neuromuscular reactions lying beyond the 
control of the artist and to be without musical 
significance. 

Considering first a variation in pitch and 
selecting the following significant quantities: 


w=2x Xfundamental or carrier frequency, 
pu =2n Xvibrato or modulating frequency, 
m = Aw/u =modulation index, 


with the accompanying limitations 


AwXw, 
u<w. 


From these we may write an expression for the 
vibrato as a wave of constant amplitude and 
sinusoidally varying frequency 


Thus f(t) =sin (wt+m sin yl). (1) 


The pitch may, of course, vary in other than a 
sinusoidal manner but in this paper attention 
will be focused upon that type of oscillation, 
first, because of its simplicity and, second, 
because the behavior of the more complicated 
modes may frequently be inferred from the one 
described. Although the clearest physical picture 
of the vibrato is that of a sound wave with 
constant amplitude and periodically varying 
frequency, it is also desirable to view it from the 
standpoint of a group of closely adjacent fre- 
quency components. It has been shown by 
Carson? and others that Eq. (1) may be expanded 
in terms of Bessel’s functions and a spectral or 
side tone distribution of frequencies obtained. 
Thus 


sin (wt-+m sin pt) = > J,(m) sin (wt+nyt), (2) 


n=—O 


2 John R. Carson, Notes on the Theory of Modulation, 
Proc. I. R. E. 10, 57 (1922); Van der Pol, Frequency 
Modulation, Proc. I. R. E. 18, 1194 (1930); Hans Roder, 
Amplitude, Phase and Frequency Modulation, Proc. 1. R. E. 
19, 2145 (1931). 
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where J,(m) is a Bessel’s function of the first 
kind and the nth order for the modulus m. From 
Eq. (2) it is clear that the side tones are uniformly 
spaced at intervals corresponding to the vibrato 
frequency, and are symmetrical with respect to 
the fundamental frequency or carrier, their 
amplitudes varying with their displacements 
therefrom. In general, the amplitude coefficients 
J,(m) possess appreciable magnitudes within 
the interval (w+Aw)/27 but rapidly converge 
for frequencies lying outside of these limits. 
Thus, the vibrato spectrum is confined to a 
width of roughly 2Aw/2z cycles for all fre- 
quencies lying above approximately 200 cycles 
per second. Since the extent of the vibrato, i.e., 
Aw/2z is fixed at either a quarter or a half tone 
and yu is a constant, the value of the modulation 
index will vary linearly throughout the audio- 
frequency spectrum. This has the effect of 
widening the vibrato spectrum as the frequency 
of the fundamental tone or carrier is increased. 
This effect is shown in Fig. (1) where a number 
of vibrato spectra have been plotted for repre- 
sentative tones. 

For fundamental frequencies lying below 2000 
cycles, the interval of 6.5 cycles between adjacent 
side tones is large compared to the increments 
that Fletcher*® has found necessary for tone 
discrimination. This might lead us to infer that 
we would perceive a group of individual tones 
rather than the smooth variation of pitch that is 
actually observed. This seeming paradox is 
immediately resolved when we recall that the 
side tones are simply the components of the 
periodic fluctuation of tone implied by Eq. (1), 
and that to observe them it would be necessary 
to resort to the aid of highly discriminatory 
devices.*: 5 

In general, the problem of frequency modula- 
tion has been approached analytically, the 
emphasis being placed upon the resolution of a 
periodically varying frequency into its respective 


3 Harvey Fletcher, Speech and Hearing, Van Nostrand, 
New York, 1929, p. 151. 

4W. L. Barrow, A New Electrical Methad of Frequency 
Analysis and Its Application to Frequency Modulation, 
Proc. I. R. E. 20, 1626 (1932). 

5E. D. Scott and J. R. Woodyard, Side Bands in Fre- 
quency Modulation, University of Washington, Eng. Exp. 
Station, Bull. No. 68, Jan. (1933). 
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components. If now the procedure of Van der 
Pol be reversed and the problem viewed 
synthetically, it is possible to recombine the 
components and, in so doing, gain a considerable 
insight into the mechanism of tonal blending, 
The initial step in this procedure involves the 
translation of the right-hand member of Eq. (2) 
into the symbolism of revolving vectors. 


Thus fi(t)= - Jn(m)eiottned, (3) 


n=O 


Upon analyzing Eq. (3) it will be observed that 
if we select from among those vectors appearing 
under the summation sign, the one corresponding 
to the carrier frequency, namely Jo(m)e/*! as a 
reference, the remaining side tone vectors will 
fall into two groups whose magnitudes are 
symmetrically disposed with respect to the 
carrier or reference vector and whose angular 
velocities differ therefrom by integral multiples 
of the modulating angular velocity yw. This 
immediately suggests a simplification through 
the choice of a rotating system of coordinates 
having an angular velocity of w. Transferring to 
this system Eq. (3) becomes 


Felt) = LE In(m)ei™!, (4) 


a result equivalent to division by e/¢'. Expanding 
the summation we obtain 


fo(t) = +++ +Jo(m)e—2#t — Jy(m)e—#* + Jo (m) 


+ J, (m1) ei? + Jo(m)e#! +--+, (5) 


a form displaying in detail the gain in symmetry 
resulting from the deletion of carrier rotation. 
As a result of this transformation the carrier 
vector becomes a fixed reference and the accom- 
panying side tones fall into groups of paired 
vectors, namely, {| —J,(m)e—/#'+J,(m)e/#*}, etc., 
revolving in opposite directions, each group re- 
volving with an angular velocity proportional to 
an integral multiple of the modulating fre- 
quency. These relations are illustrated in Fig. 2 
for a system of vectors corresponding to the 
spectral distribution of Fig. 1B, and depict 
the composition of the paired vector groups into 
their resultant harmonic equivalents in accord 
with the fundamental relations. 


ANALYSIS OF THE VIBRATO 31 


Arnplitude. 
S$ as ee 8 
® 
% 


S 
ft» 


ag ag) af “af rt af 4 
44.4 222 666 2000 4o000 


Oo F2 W eF 


Frequency 
ll Fic. 1. 





Lal — Lem) Suc = 2j/s (997) dom Jul 


on. —Ji(m)e—** +I, (m)e#! =27J,(m) sin ut, an expression involving the well known Bessel 
i —" me expansions® for the sine and cosine functions 

Jo(m)e?4#' + Jo(m)e4#! = 2Jo(m) cos 2yt, a er ine functi _— of 
the periodic argument m sin ut, thus permitting 
red —J.(m)e Smet Jo( nr) ext = 2jJ3(m) sin Sul, us to write fo(t) = e7™ sin ue or from Eq. (4) 


cc. GQ eta 7 Jae (8) 
| to 


n —oo 
fre- Upon generalizing the preceding relations we 
r 2 obtain 
2 h + Ji(m)e#!'+ Jo(m)@#' +--+, (8a) 
the = 

: fo(t) = Jo(m)+2> Jo,(m) cos 2npt : P ; ; : 
pict . m) u 2n\ v a relationship displaying the synthesis of the 
n=1 I » 2 » 

: side tone and carrier vectors into a single vector 
+27 Jons(m) sin (2n—1)yt (7) ©” *'" “' which oscillates through an angle of 2m 
n=l 


= +++ +J2(m)e—7#! — J (m)e—*#* + Jo(m) 


into 
-ord 


=cos (m sin ut) +) sin (m sin yl), 6 IX, Neumann, Theorie der Besselschen Functionen, p. 7. 
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radians with an angular velocity of muy cos ut. 
These relations are illustrated in Fig. 3 which 
shows the individual components of Fig. 2, 
together with the equivalent oscillating vector 
and its locus PQ R. A comparison of the indi- 
vidual components of Eq. (8a) with the corre- 
sponding components of Eq. (2), shows that the 
former may be restored to their usual physical 
significance by the familiar processes of rotation 
and projection. Viewed in this manner the vector 
diagrams of Figs. 2 and 3 become the quiescent 
counterparts of the corresponding revolving 
diagrams of Eq. (2). Thus with the aid of simple 
transformations it becomes feasible to construct 
diagrams that are not only applicable to the 
problem discussed, but are also relevant to the 
more complex situations arising with the use of 
filters and unilateral devices. 
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COMBINED INTENSITY AND PITCH VIBRATO 


Under certain conditions the vibrato may in- 
clude fluctuations both in pitch and intensity. 
As pointed out in the definition such fluctuations 
in intensity are always in synchronism with the 
variations in pitch, but may occur in various 
phase relations with respect to the latter. Since 
a variation of intensity, i.e., amplitude modula- 
tion, is always accompanied by two and only 
two side bands or tones, it is natural to suppose 
that a combination of amplitude and frequency 
modulation would result in the formation of two 
additional side tones for each one produced 
through frequency modulation alone. This is 
exactly what would occur were it not that under 
the synchronous condition, the interval between 
the carrier and side tones of an amplitude modu- 
lated wave is identical with the interval between 
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adjacent side tones in a frequency modulated 
one. Viewed in this manner, it is evident that 
each additional pair of side tones arising from a 
variation of intensity will exactly coincide -with 
a pair of alternate side tones in the frequency 
modulation spectrum. This effect is depicted in 
Fig. 4. These relations may be converted to 
mathematical form by introducing the equation 
of combined modulation. 
Namely, 


F(t) ={1+k cos (ut+¢)} 
x > J,(m) sin (wt+nut), (9) 


n=—0o 

where ¢ represents the phase angle between an 
increment in frequency and the corresponding 
increment in amplitude and k is a factor de- 
pending upon the percentage of amplitude 
modulation. Converting to vector notation and 
adopting a rotating systems of coordinates, we 
obtain 


F(t) = (1 +3k[eiut+o te iuite)}) 
x v J,(m)e”™!, (10) 


m==—CD 





F\(t) =: 


$kIJo(m)e—1Gut to) + Jo(m)e—?#! + SRI o(m) eit ¢) 
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By expanding the summation and writing X(é) 
for the amplitude coefficient 


fi1+ sk efut+9) + ¢—ilut+ ¢) | } 
Eq. (10) becomes 


F(t) eee + (t) Jo(m)e2%#* — X(t) J (mm) e-## 
+(t)Jo(m) +X(t) Ji (m) ei! 


+A(t)Jo(m)emi+--- (11) 


thereby showing that each of the original com- 
ponents arising from frequency modulation 
possesses a periodically variable amplitude, and 
acts as a subsidiary carrier for superimposed 
amplitude modulation. On performing the indi- 
cated multiplications, we perceive that the side 
tones arising from amplitude modulation exactly 
coincide in frequency with the adjacent spectral 
components arising from pure frequency modu- 
lation. 

Thus 


—12I,(m)ei@ut+©)— J, (m)e-iet-1 RT, (m) et 
+ 3kIo(m) ei 9) + Jo(m) + 3RJo(m) et!) 
+4kI,(m)e—¥? + Ji (m) ei#* + 3S (m) ei Cute) 


the subsidiary carriers and associated side tones 
appearing in rows and terms of like frequency 
being grouped by columns. As the higher order 
terms of Eq. (12) converge with extreme rapidity 
it may be summed either by rows or columns. 
The latter procedure leading to the form 


@ 


Fi(t)= 0 {Jn(m)+3kESna(m)e#? 


n=—coO 


+JInii(m)e*? ]heim!, (13) 


+3kJo(m)e@!-9) + Jo(m)e?#!+3kJo(m) ei Gutte) 


-etc., (12) 


which, on comparison with Eq. (4), shows that 
each of the terms arising from pure frequency 
modulation has associated with it a pair of 
subsidiary terms arising from the amplitude 
modulation of its adjacent spectral components. 
This relation is further illustrated in Fig. 5 
which is the vector diagram of Eq. (13), and is 
analogous to Fig. 2 which, in like manner, 
corresponds to Eq. (4). Conversely, if Eq. (12) 
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is summed by rows it immediately reverts to 
the form of Eq. (10) or 


F,(t)={1+k cos (ut+¢)} J, (m)ei™#, 


n=—0co 


which, with the relationship 


eim sin ut — :& J ,(m)ein#t 


n oo 


from Eq. (8) becomes 


F(t) ={1+k cos (ut+¢)}emsinut, (14) 


a form showing that the vector components of 
Eq. (13) and Fig. 5 may be combined into a 
single oscillating vector whose amplitude is a 
periodic function of the time. Physically, Eq. (14) 
corresponds to a rhythmic fluctuation of both 
pitch and intensity and thus satisfies the require- 
ments of the combined vibrato. 
If now the recurrence formula, 


Jna(m) +JInai(m) =(2n/m)J,(m), 


and the following expression for the differential 
coefficient, 


Jn! (m) =4§ Ina(m) —JInai(m)}, 


be introduced into Eq. (9), we obtain 


oc 


> {L1+(nk/m) cos ¢ }?J,2(m) 


u=—co 


+k? sin? ¢J,/*(m)\) sin (wtt+nut+y), 


F(t) = 


(15) 


where 


k sin oJ,'(m) 


[1+(nk/m) cos elJn(m) 





y=tan"! 


Upon comparing Eq. (15) with the right-hand 
member of Eq. (2), it will be observed that no 
additional side tones are created, and that only 
the magnitudes and phase angles of the pre- 
existing components have been altered. 

Although an artistic vibrato usually involves 
only the limiting values of ¢, i.e., 0° and 180°, 
it is important to examine the question of phase 
relations in considerable detail as variations in 
¢y produce very marked effects upon the appear- 
ance of the spectrum. Thus for a phase angle of 
0°, Eq. (15) becomes 


F(t)= ¥ [1+ (nk/m)]J,(m) sin (wt+-nut). (16) 


¢=0 n=—oo 

As will be readily seen, this equation differs from 
that of pure frequency modulation by the intro- 
duction of the factor (1-++-”k/m) which has the 
effect of rendering the spectrum unsymmetrical. 
Since ranges through both and 
positive values, it is clear that the amplitudes of 
all side tones lying above the carrier will be in- 
creased in proportion to their displacement there- 
from, and that a corresponding decrease in 
amplitude will occur with all tones lying below it. 
This effect is depicted in Fig. 6A. A more com- 
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plicated situation arises at very low fundamental 
frequencies, but, as the side tones are small, it is 
of little importance to our present discussion. 

Correspondingly for a phase angle of 180°, 
Eq. (15) becomes 


F(t) = , 2 [1—(nk/m) |J,(m) sin (wt+ nyt). (17) 


¢=1  n=—w 
Since the sign of has been reversed, Eq. (17) 
obviously represents the plane mirror image of 
Eq. (16), the magnitudes of the upper and lower 
side tones having been interchanged as shown in 
Fig. 6B. 

Although these distributions are at variance 
with those found by Barrow‘ they are in accord 
with the facts, as it has long been known that a 
note sung with a pure pitch vibrato appears to 


remain unchanged in frequency, while one sung 
with a combined pitch and intensity vibrato 
appears either sharp or flat, depending upon the 
phase relations involved. Thus, the note of a 
parallel or in phase vibrato appears to be 
sharped, while the converse effect is associated 
with the reverse or phase opposition vibrato. 
Reverting again to Eq. (15) and selecting an 
intermediate value of g= 7/2 we obtain 


oc 


Fit)= ¥ {[J,2(m)+k J," (m)}3 


g=1/2 n=—co 
sin (wi+nyut+y’), (18) 


where 


vy’ =tan-"(kJ,/(m)/J,(m), 
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a relation in considerable contrast with the pre- 
ceding examples, as both the amplitudes and 
phase angles remain symmetrical with respect 
to the carrier. Both of these factors are modified 
in the mid portion of the spectrum but remain 
practically unaltered at the boundaries as the 
differential coefficients diminish rapidly with 
increasing values of m. Although the appearance 
of the spectrum does not differ materially from 
that of a pure pitch vibrato, it follows from Eq. 
(9) that the resultant wave form is subjected toa 
rhythmic fluctuation of amplitude which is in 
time quadrature with the pitch variation. The 
musical value of this peculiar waxing and waning 
effect is unknown as none of our present instru- 
ments are capable of producing it. This does not 
mean that it lies beyond the scope of desirable 
effects, however, as it must be borne in mind 
that the vibrato has gradually developed through 
the ages and that its growth has been subject to 
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the physical limitations of the existing, me- 
chanical forms, of musical instruments. A few of 
our instruments are capable of producing a pure 
frequency vibrato, and the voice alone is capable 
of adding superimposed intensity effects. Beyond 
these relatively simple types of modulation 
nothing has yet been attempted. The advent of 
electrical musical devices thus opens up a wide 
field of possibilities, as an examination of Eq. (15) 
discloses that all of its parameters are subject to 
control, and may be varied either individually 
or in combination, and in practically any de- 
sired manner. Viewed from this angle, it is 
evident that it may be feasible to produce effects 
that far transcend anything with which we are 
now familiar. 

In conclusion, the writer wishes to take this 
opportunity of expressing his appreciation to Mr. 
C. E. Williams and Mr. T. M. Libby for their 
many helpful comments and suggestions. 
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VOLUME VII 


Effect of Intensity on Supersonic Wave Velocity 


W. H. PIeELEMEIER, Department of Physics, Pennsylvania State College 
(Received May 1, 1935) 


It is the purpose of this paper to present further evidence that supersonic waves in air have 
a velocity which depends on their intensity and that this velocity approaches the limiting 
value (yP/p)! at comparatively low intensities. 





UMEROUS articles on supersonits have 

appeared since the author’s last paper! on 
the intensity effect but little reference has been 
found to any other similar results. Unequal 
spacing of resonance positions near the source 
have been obtained by Reid,? Kneser,* Grabaut 
and others. Grossmann’ has given the most com- 
plete explanation of the irregularities near the 
source. He grants that the equally spaced minor 
peaks observed by the author and by Kao’ are 
not to be classed with the other irregularities. 
He suggests neighboring frequencies in the 
quartz source as the cause of the minor peaks. 

J. Ziihlke’ recorded acoustic interferometer 
readings by a photographic method. One of his 
published records shows a set of satellites leading 
the major peaks, but the set has a slightly 
smaller spacing than that of the major peaks. 
If this set were produced by a different frequency, 
this frequency would need to be Jower in order 
to make the satellites Jead. However, a lower fre- 
quency would produce greater rather than smaller 
spacing. The trend is such that these satellites 
appear to merge with their respective major 
peaks at greater path lengths (beyond the end 
of the photograph). The merging probably 
occurs when the average speeds for the first few 
return trips differ so little, due to absorption, 
that a single reflector position serves as a com- 
mon resonance position. For shorter path lengths 
the average speed for the first return trip is suffi- 
ciently high to require a separate resonance 
position. Such leading satellites are not suitable 
for a computation of the normal wave velocity. 


1W.H. Pielemeier, Phys. Rev. 38, 1236 (1931). 
2C. D. Reid, Phys. Rev. 35, 814 (1930). 

3H. O. Kneser, Ann. d. Physik 11, 777 (1931). 
4M. Grabau, J. Acous. Soc. Am. 5, 1 (1933). 

> E. Grossmann, Physik. Zeits. 35, 83 (1934). 

6 Pan Tcheng Kao, Comptes rendus 193, 21 (1931). 
7 J. Ziihlke, Ann. d. Physik [5] 21, 667 (1934). 
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Grossmann} refers to the author’s lagging sat- 
ellites. 

Since only one of the two expected neighboring 
frequencies could be detected with each quartz 
source and since this detected frequency corre- 
sponds, on the basis of constant velocity, with 
the half percent smaller satellite spacing and not 
with the spacing of the major peaks which are 
ten to one hundred times more prominent, the 
author corresponded with Grossmann who stated 
that he would accept the idea of an intensity 
effect on the velocity if a large change in in- 
tensity at the source would produce a change in 
major peak spacing and if no change in the beat 
note from a frequency meter could be detected 
as a change from a satellite position to a major 
peak position of the reflector occurs. 

These suggested tests were delayed by the 
moving of the acoustics laboratory and by 
the construction and calibration of a_ better 
frequency meter, but they have now been made. 
The results are as follows: A slightly smaller 
major peak spacing was observed when the in- 
tensity at the source was decreased so as to 
produce peaks of about one-tenth the former 
magnitude. By covering the reflector with blotter 
paper the peak height was decreased farther and 
the spacing of the peaks was also decreased. 
Several of the quartz plates were made to 
vibrate weakly at another frequency indicating 
a velocity only about one-quarter percent higher 
than that obtained by the satellite spacing. 

When the reflector was moved from a satellite 
position, where the beat note from the frequency 
meter was very loud, to a major peak position 
no change in pitch could be heard but there was 
a decided decrease in loudness. With a zero beat 
setting for a satellite no sound became audible 
with the next major peak. The meter dial setting 
for zero beat frequency was the same for both 
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satellite and major peak. About one-tenth the 
expected frequency difference could have been 
detected. The meter had thermostatic control 
and it was calibrated by means of a large number 
of radio stations all of which are required by 
law to remain within fifty cycles of their assigned 
frequency. 

The decrease in loudness at the major peaks 
was probably caused by the decrease in signal 
strength from the driving circuit. This in turn 
was due to the smaller amplitude of the quartz 
source produced by the greater reaction of the 
sound field at resonance (major peaks). 

The minor peaks or satellites are probably 
produced by a weak resonance of the air column 
between the quartz plate and the reflector re- 
sulting from multiple reflections of high enough 
order to bring the velocity down to the limiting 
value for which the given path length produces 
this weak resonance. 

If the path length is appropriately increased 
resonance is again produced, in this case by 
high intensity high velocity waves having ex- 
perienced but few reflections. For any reflector 
position except that for a major peak the waves 
may fall off considerably in intensity and velocity 
during a single reflection at the vibrating quartz 
surface, in other words, the combined wave 
proceeding from the source is weaker than 
normal. 

The higher average velocity of the condensa- 
tions as they are reflected back and forth at 
intense resonance might be expected from theo- 
retical considerations. Rayleigh’s exact equation 
from which the velocity equation, V=(yP/p)? is 
derived may be written in the form 


Ve/(1—s)7+1= (0/00?) /(@E/dx2), (1) 


(1—s)7+4=(1+0£ dx)? usually being consid- 
ered as 1 and JV,” usually being written as 
yPo ‘Poe 

It is not unreasonable that s the condensation 
should be large enough to make the left-hand 
member of Eq. (1) about one percent larger 
than V,? alone. If V?= Vo?/(1—s)7*! is taken as 
the more exact expression for the velocity of 
the condensations this velocity should be about 
1 percent greater than normal as indicated by 
the major peaks. Thus if V is > percent greater 
than V» the squares would differ by about 1 
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percent and s?-! would be about 0.01 or s would 
be about 0.01/2.41=0.004. This corresponds to 
about 130 decibels above the threshold level at 
1000 cycles per sec. The corresponding displace- 
ment gradient d&/dx would be represented by an 
amplitude of about 0.3 mm in a Kundt’s tube 
with nodes 20 cm apart. Andrade’ photographed 
particles in a tube approximately satisfying these 
conditions. Partlo and Service® observed ab- 
normally high instantaneous velocities of con- 
densations produced by the explosion of a 
dynamite cap. At 50 to 60 meters from the 
explosion they also observed what appears to be 
an abnormally low instantaneous velocity of the 
disturbance. The author is of the opinion that 
the wave form is rapidly changing its type over 
this region resulting momentarily in a low group 
velocity. The disturbance apparently never re- 
gains its high energy and velocity beyond this 
distance. Schneider’? shows that the response of a 
recorder may not be a faithful reproduction of 
the pressure-time relationship which may un- 
dergo a greater change than the records would 
seem to indicate. 

Rayleigh’s so-called exact equation does not 
include a viscosity term. Fay'! shows in an 
excellent treatment which includes the effect of 
viscosity that due to the nonlinear relation of 
pressure and density, energy is rapidly shifted 
from low frequency components into higher ones 
thus producing a saw-tooth effect in the wave 
form. The viscosity damping is more effective on 
the high frequency components hence the con- 
densations do not completely overtake the rare- 
factions. Rayleigh’s point of view also explains 
the saw tooth effect but neither view explains the 
excessive velocity averaged over approximately 
200 wavelengths as indicated by the observed 
major peak spacing. Approximately fifty wave- 
lengths would be a sufficient path length for the 
condensations to overtake the rarefactions if 
their average speed is one-half percent greater. 
Henceforth no part of the periodic disturbance 
would have much excess velocity. Probably the 
rarefactions travel faster also at high frequency 
and large intensity. 


8 E. N. da C. Andrade, Proc. Roy. Soc. A134, 445 (1931). 
®*F. L. Partlo and J. H. Service, Physics 6, 1 (1935). 
10'W. Schneider, Zeits. f. Physik 74, 66 (1932). 

'R, D. Fay, J. Acous. Soc. Am. 3, 222 (1931). 


JULY, 1935 


VOLUME VII 


Influence of Experimental Technique on the Measurement of Differential Intensity 
Sensitivity of the Ear 


H. C. MontGomery, Bell Telephone Laboratories 
(Recetved April 13, 1935) 


The lack of agreement among previous measurements of 
differential intensity sensitivity indicates that the values 
obtained depend to a large extent on the experimental 
conditions. The relative importance of various factors is 
indicated, and a procedure is suggested which was designed 
to give the smallest possible values of differentiak intensity 
sensitivity. Intensive measurements made by this method 


upon a single subject, using a pure tone of 1000 cycles gave 
values consistently smaller than any previously reported. 
There is no sharp division between intensity changes which 
can be perceived and those which cannot. The response of 
the subject is essentially variable and can only be described 
by statistical methods. 





IFFERENTIAL intensity sensitivity of the 

ear is a measure of the smallest change in 
the intensity of a sound which the ear can detect. 
In measuring this quantity a number of different 
factors which may influence the results must be 
taken into account. As is the case with nearly all 
psycho-physical measurements account must be 
taken of variations among individuals who may 
be used as subjects. The physical characteristics 
of the sound used as a stimulus, such as the 
frequency, intensity and harmonic composition 
for a musical tone, must be specified. A rather 
careful study of the effect of these factors has 
been made in the determinations of Knudsen! 
and Riesz.? Their results differ to quite a large 
extent, and the results of a new determination 
reported later in this paper show still further 
differences. That the differences cannot be 
accounted for by differences in subjects is indi- 
cated by the fact that the author has made 
observations by each of these methods and has 
checked the results reported for each of them 
quite closely. 

From this we conclude that the differences in 
the conditions and technique of the various 
experiments are an important factor in de- 
termining the results. In order to know which set 
of results to select for any practical application 
we must know the relative importance of the 
various elements that influence the results. 


INFLUENCE OF EXPERIMENTAL CONDITIONS 
Monaural vs. binaural observation. Practically 
all of the determinations reported have been 


! Vern O. Knudsen, The Sensibility of the Ear, Phys. Rev. 
21, 84 (1923). 

?R. R. Riesz, Differential Intensity Sensitivity of the Ear, 
Phys. Rev. 31, 867 (1928). 


made using a telephone receiver on one ear as the 
source of sound. However Knudsen states that 
“tests made with binaural hearing showed that 
within the limits of perceptional error the single 
ear could distinguish the same percentage change 
of intensity as could both ears operating together, 
provided as much energy was fed into the single 
ear as was fed into both ears.’” 

Duration of tones. When two tones are to be 
compared, the duration of each is not a particu- 
larly critical factor. It must be great enough so 
that the tones can be easily perceived but not 
great enough to cause fatigue. Any interval from 
one-half second to two or three seconds seems 
very satisfactory. 

Transition between tones. For optimum con- 
ditions the transition should be abrupt, instan- 
taneous and silent. A gradual transition, such as 
that of a sinusoidal intensity variation is less 
easy to detect than an abrupt transition. Any 
interval of silence between the tones decreases 
the sensitivity of the ear to the intensity change. 
Our results show that an interval of half a second 
increases the required intensity change by a 
third, and Knudsen shows that in going from a 
one-third-second to a three-second interval the 
required change is increased twofold and for a 
ten-second interval, threefold. Any noise such as 
a transient or switching noise between the tones 
is found to be very disturbing to the subject, and 
may serve as a cue to the louder tone, thus giving 
an entirely false result. 


’ While this paper was in preparation, Churcher, King 
and Davies reported a study of differential intensity 
sensitivity in which they show that in binaural listening it 
is possible to detect a change in intensity 15 to 30 percent 
smaller (on a db scale) than that which is perceptible in 
monaural listening. Phil. Mag. Supplement 18, 927 (1934). 
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Number of comparisons. A somewhat better 
judgment is obtained if the tones are presented 
several times than if each is presented but once. 
For optimum conditions the subject should 
probably be allowed to listen to the tones as 
many times as he wishes before making a 
judgment. 

Control of instant of presentation. A factor which 
proved to be of surprising importance was the 
opportunity for the subject to control the exact 
instant of transition from one tone to the other. 
Thus, in our work the required intensity change 
was reduced by a half when the subject was 
allowed to operate the switch himself. This 
seemed to be due to the fact that under these 
conditions the subject could be psychologically 
prepared for the change at the exact instant 
when it occurred. 

Type of judgment required. In most cases when 
a subject is able to detect an intensity change at 
all, he is able to tell which of the two conditions 
is louder as well. Moreover there is quite a range 
in the neif$hborhood of the minimum detectable 
change in which the subject is very uncertain as 
to whether he is really hearing or merely im- 
agining an intensity change. If the judgment 
required is merely that he is or is not able to 
detect the change, the distance that he will go 
into this zone of uncertainty before reporting 
“no change’ is probably a function of his 
temperament. If, on the other hand, he is 
required to report which of the two tones is the 
louder, and is urged to report even when he has 
to guess, the point at which he makes a significant 
proportion of errors is a measure of his true 
threshold. 

An illustration of the influence of some of the 
above factors is given in Table I. The values 














TABLE I. 
Condition db AJ/J 
(1) Switch not controlled by subject, 
one comparison, half second inter- 
val between tones 0.8 0.20 
(2) Same, except no interval between 
tones 0.6 0.15 
(3) Repeated comparisons, no interval 
between tones 0.4 0.096 
(4) Switch controlled by subject, re- 
peated comparisons, no interval 
between tones 0.2 0.047 
(5) Sinusoidal variation 0.5 0.12 
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Fic. 1. Comparison of values of differential intensity sen- 
sitivity obtained by different experimenters. 


given were all obtained by the same person and 
are therefore quite comparable. It happens that 
these values were obtained using as a stimulus 
the thermal noise from a high gain amplifier (a 
sound not unlike the hissing of compressed air). 
However, since several of the values were checked 
quite closely by the same subject using a 1000- 
cycle tone it is felt that the results obtained with 
the thermal noise are applicable to pure tones, at 
least in the neighborhood of 1000 cycles. All 
values are for monaural listening with the tone 
40 db above threshold, and the subject making 
judgments as to which tone was loudest. The 
figures given are average values, as defined in the 
last section of this paper. 

In Knudsen’s work the transition between the 
two intensities was abrupt and in a somewhat 
irregular sequence. The amount of intensity 
change was gradually increased or decreased until 
the subject signalled that he just could or could 
not detect the change. Riesz made use of a tone 
whose intensity varied sinusoidally and the 
subject indicated whether he could or could not 
detect the variation in intensity as the amount of 
variation was varied in a random manner. The 
results of Knudsen and Riesz are shown in Fig. 1 
together with those reported below. The differ- 
ences among these sets of results can be readily 
understood with the aid of the discussion given 
above. 


EXPERIMENTAL TECHNIQUE ADOPTED 


It was decided to make some measurements of 
differential sensitivity under as nearly as possible 
optimum conditions to find out how small the 
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Fic. 2. Circuit used for differential intensity sensitivity 
measurements. 


values might be made, and the following experi- 
mental procedure was adopted. 

The circuit shown in Fig. 2 was used. A tone 
from an oscillator is led through an amplifier, a 
harmonic suppression filter, an attenuator for 
adjusting the level of the tone above threshold, a 
network for producing the differential change in 
intensity and thence to a telephone receiver. The 
change in intensity is produced by short- 
circuiting part of a resistance shunt across the 
line, and is not accompanied by any detectable 
switching noise at the frequencies reported here. 
The amount of this change may be varied by 
changing the resistance of one portion of the 
shunt as shown. The connection of the switches 
is such that although the observer may change 
from one condition of the tone to the other at 
will, the operation of his switch will be reversed 
when the experimenter’s switch is thrown. The 
constant shunt across the receiver was used in 
order that the variable shunt might work into an 
almost pure resistance in both directions, thus 
insuring that its attenuating action should be 
independent of frequency. A thermocouple cali- 
bration of this network indicated that its 
operation was substantially as computed, and 
practically independent of frequency in the range 
over which it was used. 

Observations were made as follows: Ten judg- 
ments were made by the observer for each value 
of differential change. Before each judgment the 
experimenter’s switch was set according to a 
prearranged arbitrary program, so that the ob- 
server never knew which position of his own 
switch would give the louder tone. The observer 
then switched between the two conditions until 
he had made up his mind which was the louder, 
and reported to the experimenter, who recorded 
his selection as correct or incorrect. The first set 


of judgments was made with an easily detectable 
variation in the tone, and succeeding sets at 
reduced variations until the number of errors 
made by the observer indicated that he no longer 
was able to detect the change. This whole 
procedure was repeated eight or more times, 
giving eighty or more judgments at each level of 
differential intensity change. 


VARIABLE NATURE OF THE SUBJECT’S RESPONSE 


Throughout the measurements it was noted 
that the response of the subject underwent large 
fluctuations. These seemed to be quite random in 
character and could not be attributed to any 
single cause such as lack of attention or fatigue. 
This phenomenon is doubtless familiar to every- 
one who has made psycho-physical measure- 
ments. In the present case these fluctuations are 
so large compared to the quantity being meas- 
ured that failure to take account of them would 
give a very incomplete picture of the phe- 
nomenon. In the opinion of the subjects these 
fluctuations were due to a large number of 
factors, such as: 

(a) Differences in the sharpness and steadiness of attention. 
(b) A disturbing background of auditory imagery. 
(c) Changes in the acuity of the hearing mechanism. 


(d) Head noises. 
(e) Outside disturbances. 


With the exception of the last, these factors are 
out of the control of experimenter and subject 
and seem to be inherent in the hearing process 
itself. The purpose of the rest of this paper is to 
suggest a method of treating the data which will 
take account of these fluctuations. 


INTERPRETATION OF RESULTS 


Measurements of differential intensity sensi- 
tivity were made with four subjects, and from 
these it was believed that the subject selected for 
more intensive measurement was not abnormal 
in his sensitivity. The data given below are all 
for this one subject making observations with a 
1000-cycle pure tone at various levels above 
threshold. (This is not however, the same subject 
whose results with thermal noise were reported in 
the early part of this paper.) 

When a subject makes a number of judgments 
as to the louder of the two comparison tones with 
a given intensity change, a certain percentage, p, 
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Fic. 3. Percentage of perceptions as a function of the differential intensity change. 


of these judgments will be correct. It was found 
that as the number of judgments increases p 
approaches a statistical limit, and that about 100 
judgments serve to determine p with a fair degree 
of accuracy. If the percentage of correct judg- 
ments is p, the percentage of incorrect judgments 
is of course 100—%, which indicates that in 
(100—) percent of the cases the observer was 
guessing and guessed wrong, and we may assume 
(in the long run) that in the same number of 
cases he guessed and guessed right, so that the 
percentage of cases in which he was not guessing, 
but could really perceive the intensity change, is 


pb’ = p—(100— p) = 2p— 100. 


This new variable will be called the percentage of 
perceptions. Whereas the percentage of correct 
judgments varies from 100 to 50 percent as the 
magnitude of the intensity change is varied, the 
percentage of perceptions varies from 100 to 0 
percent, and it is the latter quantity which is 
used as ordinate in Fig. 3. The points in this 
figure are the values of p’ obtained from the 
number of judgments given in small figures above 
each graph. It seems reasonable to suppose that 
if the number of judgments were indefinitely 
increased the points would approach a smooth 
curve passing through the origin. Curves have 


been drawn in as a suggestion as to how these 
ideal curves might appear, although there is 
admittedly some uncertainty as to their true 
form and position. 

The data show quite conclusively that there is 
no sharp division between intensity increments 
which can be perceived and those which cannot. 
Thus we see that at a level of 40 db above 
threshold an increment of 0.5 db can be perceived 
approximately 90 percent, of the time, 0.3 db 
about 60 percent, and 0.1 db 10 percent of the 
time. In the past it has been customary to 
represent differential intensity sensitivity by a 
single statistic of this distribution, such as the 
median or the mean. For many purposes this is 
quite satisfactory, but it neglects a great deal of 
information contained in the distributions which 
might be of interest in other cases. For example, 
in very careful design work on acoustical appa- 
ratus it might be desirable to set a tolerance on 
intensity changes such that the ear could detect 
them only 5 percent of the time, and at low levels 
above threshold this would differ quite appreci- 
ably from the mean value of differential intensity 
sensitivity. On the other hand, in an inspection 
process which depended on the ear recognizing an 
intensity change, it might be required that the 
ear recognize a given difference 90 percent of the 
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time. This would carry one to the other end of the 
distribution curve, and again the value might 
differ considerably from the mean value. 

The data seem to indicate that the instan- 
taneous sensitivity of the ear varies from time to 
time in a random manner. Let us define, as a 
measure of the instantaneous sensitivity of the 
ear, a quantity S variable with time in such a way 
that at any instant the ear would be able to 
perceive any intensity increment greater than 5S, 
but could not perceive any increment less than S. 
In the experimental work a definite value of the 
increment is selected, and p’, the proportion of 
the times that the subject can perceive that 
increment, is the proportion of the time that S 
had a value less than that increment. With this 
interpretation, we may regard the curves of Fig. 3 
as the integrals of the distribution curves of S. 
The distribution curves themselves may then be 
derived from the integral curves by plotting the 
slope of the latter at various points. This has 
been done to obtain the curves of Fig. 4. These 
curves represent the distribution in time of S 
and the area under the curve between any two 
limits is the probability that S will be between 
those limits at any instant. 

Evidently the curves of Fig. 4 do not contain 
any more information than those of Fig. 3, and 
their accuracy is inferior because of the graphical 
method by which they are derived. However, 
they enable the eye to appreciate more readily 
the manner in which the sensitivity of the ear 
varies. They also serve as a basis for defining 
statistics of the distribution. Terms like mean 
and median are meaningless when applied to the 
curves of Fig. 3 unless it is assumed that they are 
integrals of distribution curves. Nevertheless 
these statistics can be computed more easily from 
the integral curves than from the distribution 
curves. Thus the mean is defined as the centroid 
of the distribution curve, but may be computed 
by measuring the area above and to the left of the 
integral curve. The median is defined as the 
TABLE II. Statistics of the distribution of S. 





Level above Quartile 





threshold Mean Median range 
11 db 0.64 db 0.60 db 0.16 db 
21 0.42 0.43 0.10 
40 0.27 0.27 0.12 


80 0.13 0.13 0.05 
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THRESHOLD = 1108 
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Fic. 4. Distribution of S. 


position which bisects the area under the 
distribution curve, but it is computed by ob- 
serving where the integral curve has a value of 50 
percent. A convenient measure of dispersion, the 
quartile range, is defined as half the range 
included between the first and last quarters of 
the area under the distribution curve, and is 
computed by taking half the distance between 
the points where the integral curve has values of 
25 and 75 percent. These statistics for the data of 
this paper are given in Table II. The means have 
been plotted in Fig. 1 for comparison with other 
determinations. 

It seems to the author that differential in- 
tensity sensitivity should be identified with the 
quantity S. That is, it is something which varies 
with time in a manner which can be described by 
a distribution curve or the integral of a distri- 
bution curve. For some purposes it is sufficient to 
specify certain statistics of the distribution, such 
as the median and quartile deviation, but in using 
these statistics the variable nature of the quantity 
which they specify must not be forgotten. 
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Beats and Combination Tones at Intervals Between the Unison and the Octave 


Jack C. Cotton, Phonetics Laboratories, Ohio State University 
(Received March 4, 1935) 


NE usually thinks of beats as occurring only 

between two tones whose frequencies are 
very nearly in the ratio 1 : 1. The phenomenon 
of interference and reinforcement is easily pic- 
tured in this case, so that it can be readily 
understood why such a pulsating sound wave 
should produce the sensation we call beating. 
Consequently, it has been rather generally 
assumed that beats can occur only when the 
two beating tones form a mistuned unison. 
When beats are heard between two complex 
tones at intervals other than the unison, the beats 
are said to occur between components of the 
complex sounds which have nearly the same 
frequency. 

The fact that beats and certain combination 
tones can be heard when two pure tones at 
intervals other than the unison are sounded 
together led to the conception of subjective 
tones, or tones introduced by nonlinear distortion 
within the ear. Helmholtz, who did much to 
forward this view, claimed to hear beats only in 
the neighborhood of the unison, the octave and 
the fifth. In this regard, Sir William Thomson! 
remarks that it is not generally known how 
easily beats on approximations other than the 
unison may be heard. Using Koenig's forks and 
resonators as sources he distinctly heard beats 
at each of the intervals, 2:3, 3:4, 4:5, 
5:6, 6:7, 7:8, 1:3 and 3:5. He ascribes 
these beats to periodic variations in the wave 
pattern independent of any subjective tones 
added within the ear. In commenting on Thom- 
son’s observations, Barton? remarks that ‘‘the 
whole matter is involved in much difficulty, and 
at the present stage it seems unsafe to dog- 
matize.”’ 


APPARATUS AND PROCEDURE 


In order to explore the region between the 
unison and the octave for beats, the apparatus 


1 Sir William Thomson, On Beats of Imperfect Harmonies, 
Proc. Roy. Soc. Edinburgh 9, 602 (1878). 

? Edwin H. Barton, A Text-Book of Sound, Macmillan, 
1926. 


shown in Fig. 1 was used. A 1000~ hummer 
with a 1500 ~ low pass filter furnished a constant 
frequency upper tone in a Western Electric 2-A 
audiometer headset. A General Radio beat- 
frequency oscillator supplied a second tone, 
variable between 1000~ and 500~. The sound 
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Fic. 1. Simplified diagram of the apparatus used in 
locating beat regions within the octave 500~ to 1000~ 
(1000~ tone stationary). 


pressure level of the upper tone was 75 db above 
the threshold of audibility. The lower tone 
varied from 65 db at 500~ to 75 db at 1000~. 

Observers listened for beats while slowly alter- 
ing the lower tone frequency. As each beat 
region was found the beats were resolved, or the 
interval made perfect. The oscillograph operator 
was then signalled, and the lower of the two 
primary tones was recorded together with a 
timing wave. This process was repeated for each 
beat region observed. In a subsequent analysis 
of these records the intervals about which the 
beats occurred were determined. 

In addition to locating the beat regions, ob- 
servers were asked to determine the pitch of the 
beating tone, i.e., the pitch of the tone which by 
its periodic changes in loudness produced the 
beat. Combination tones were also carefully 
noted, especially in relation to the beats ob- 
served. 


EXPERIMENTAL RESULTS 


Our experiments confirm Thomson's statement 
that it is quite easy to hear beats at other 
intervals than the unison, the octave and the 
fifth. Nineteen beat regions between the unison 
and the octave were readily observed and the 
primary tone frequencies determined. This num- 
ber includes those reported by Thomson and 
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TABLE I. The principal rhythmic units produced by a constant frequency 1000~ tone and tones between 1000~ and 500~ 
The musical significance of certain ones of these intervals is given in the second column. Italicizing indicates frequencies 
at which beats with the 1000~ tone were heard. The musical notes are based on c’’ =500~. 


























FREQ. OF RATIO RHYTHMIC -DiFF. 
LOWER WITH UNIT TONE 
PRIMARY REMARKS 1000 ~ FREQ. FREQ. 
1000.000 c’’”’, unison. 1/1 1000.000 0.000 
960.000 24/25 40.000 40.000 
958.333 23/24 41.667 41.667 
956.521 22/23 43.478 43.478 
954.545 21/22 45.455 45.455 
952.381 20/21 47.619 47.619 
950.000 19/20 50.000 50.000 
947.368 18/19 52.631 52.631 
944.225 17/18 55.555 55.555 
941.175 16/17 58.824 58.824 
937.500 b’’, just semitone. 15/16 62.500 62.500 
933.333 14/15 66.667 66.667 
928.571 13/14 71.429 71.429 
923.077 12/13 76.923 76.923 
920.000 23/25 40.000 80.000 
916.667 11/12 83.333 83.333 
913.044 21/23 43.478 86.956 
909.091 A trumpet interval used 10/11 90.910 90.910 


in Ptolemy’s equal dia- 
tonic scale. . 

904.762 19/21 47.619 95.238 

900.000 b>’’, minor tone of just 9/10 100.000 100.000 
intonation. Grave sec- 
ond of the major scale. 


894.737 17/19 52.631 105.263 
888.88) 8/9 111.111 111.111 
882.353 15/17 58.824 117.647 
880.000 22/25 40.000 120.000 
875.000 Super-second. 7/8 125.000 125.000 
869.565 20/23 43.478 130.435 
866.667 13/15 66.667 133.333 
863.636 19/22 45.455 136.364 
857.142 Subminor third. 6/7 142.858 142.858 
850.000 17/20 50.000 150.000 
846.154 11/13 76.923 153.846 
842.105 16/19 52.631 157.895 
840.000 21/25 40.000 160.000 
833.333 a’’, just minor third. 5/6 166.667 166.667 
826.087 19/23 43.478 173.913 
823.529 14/17 58.824 176.471 
818.182 9/11 90.910 181.818 
812.500 13/16 62.500 187.500 
809.524 17/21 47.619 190.476 
800.000 a>’’, just major third. 4/5 200.000 200.000 
791.667 19/24 41.667 208.333 
789.474 15/19 52.631 210.526 
785.714 11/14 71.429 214.286 
782.609 18/23 43.478 217.390 
777.778 septimal or supermajor 7/9 111.111 222.222 
third. 
772.727 17/22 45.455 227.27: 
769.231 10/13 76.923 230.769 
764.706 13/17 58.824 235.294 
761.905 16/21 47.619 238.095 
760.000 19/25 40.000 240.000 











FREQ. OF RATIO. RHYTHMIC DIFF. 
LOWER WITH UNIT TONE 
PRIMARY REMARKS 1000 ~ FREQ. FREQ. 
750.000 g’’, just fourth. 3/4 250.000 250.000 
739.130 17/23 43.478 260.870 
736.842 14/19 52.631 263.158 
733.333 11/15 66.667 266.667 
727.273 8/11 90.910 272.727 
722.222 13/18 55.555 277.778 
720.000 18/25 40.000 280.000 
714.286* Septimal or subminor 5/7 142.858 285.714 
fifth. 
708.333 17/24 41.667 291.667 
705.882 12/17 58.824 294.118 
700.000 7/10 100.000 300.000 
695.652 16/23 43.478 304.348 
694.445 f#’’, acute diminished 25/36 27.778 305.555 
fifth. 
692.308 9/13 76.923 307.692 
687.500 11/16 62.500 312.500 
684.210 13/19 52.631 315.790 
681.818 15/22 45.455 318.182 
680.000 17/25 40.000 320.000 
666 667 f’’, just fifth. 2/3 333.333 333.333 
652.174 15/23 43.478 347.826 
650.000 1 13/20 50.000 350.000 
647.059 11/17 58.824 352.941 
642.858 9/14 71.429 357.142 
640.000 16/25 40.000 360.000 
636.364 7/11 90.910 363.636 
631.579 12/19 52.631 368.421 
625.000 5/8 125.000 375.000 
619.048 13/21 47.619 380.952 
615.385* 8/13 76.923 884.615 
611.111 11/18 55.555 388.889 
608.695 14/23 43.478 391.305 
600.000 e>’’, just major sixth. 3/5 200.000 400.000 
590.910 13/22 45.455 409.090 
588.235 10/17 58.824 411.765 
583.333 7/12 83.333 416.667 
578.947 11/19 52.631 421.053 
571.429 Natural or subminor 4(7 142.858 28.571 
seventh. 
565.217 13/23 43.478 434.783 
562.500 d’’, minor seventh. 9/16 62.500 437.500 
560.000 14/25 40.000 440.000 
555.555 Acute minor seventh. 5/9 111.111 444.444 
550.000 11/20 50.000 450.000 
545.455 6/11 90.910 454.545 
541.667 13/24 41.667 458.333 
538.461 7/13 76.923 461.539 
533.333 8/15 66.667 466.667 
529.412 9/17 58.824 470.588 
526.316* 10/19 52.631 473.684 
523.809 11/21 47.619 476.191 
521.739 12/13 43.478 478.261 
520.825 c#’’, diminished octave. 25/48 20.834 479.175 
500.000 c’’, octave. 1/2 500.000 500.000 








* Beats at these intervals were rather faint, but certain 


twelve others. Even this does not include a 
large number of fainter beat regions. For ex- 
ample, in rechecking the lower primary tone 
frequency region from 600~ to 666.7~, five 
beat regions were observed rather than the single 
one italicized in Table I. 

In the first column of Table I are listed fre- 
quencies between 500~ and 1000~ which are in 
certain definite ratios to a fixed 1000~ tone. 
The frequencies italicized are those about 
which beats were observed. These beats were 
not only audible in an audiometer head-set, but 
could also be heard by a group when using a 
loudspeaker. 


DISCUSSION OF RESULTS 
1. Application to the subjective tone theory 


The equation ordinarily used for expressing 
the nonlinear relation of the displacement, X, 
at the cochlea, to the sound pressure, p, at the 
tympanic membrane is: 


X =f(p)=aot+aiptacp’+aspi+---. (1) 


If two pure tones, pi cos wit and pz cos wet are 
coincident upon the ear, p is given by: 


p=phpi cos wit+ po COS Wols+*. (2) 
If this value be substituted in Eq. (1), we 
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TABLE II. Coefficients of combination tones obtained by substituting p= p; COS wit+p2 COS wot in Eq. (1). This derivation is 
carried out through terms up to and including the seventh power. 








COMBINATION TONE COEFFICIENT 





COMBINATION TONE COEFFICIENT 





a2p1 p2-+(3/2)as( pi p2+p1p2') 


COS (wi two)! 


cos (2w1 +we)t (3/4) aspi2p2 +(5/8) a5(2 pit p2 +3 p12p2') 


COS (w1 +2we)t (3/4) aspi po? + (5/8) a5(2 p1 p24 +3 p15 p2*) 

(1/2) aspi3 pe +(15/16)a6(2 p13 p23 + pipe) + +--+ 
(3/4) aspi2peo? + (15/8) ae( pitpe? + pi2 po’) + +++ 

(1/2) aspip23 + (15/16) a6(pip2® +2 pi3 pe) + - +> 
(5/16) aspitp2 + (21/64) a7(5p14p23 +2 pi8p2) +--- 
| (5/8)aspi3p2* +(35/64)a7(4pr3 pot +3 pi peo?) + +-- 
| (5/8) aspi2 p23 + (35/64) a7(4p1'p2? +3 p12 pe) +--+ 
| (5/16) aspip2 +(21/64)a7(5 p13 pet +2 pipe) + --- 
| (3/16)aspi>p2+ -°- 


cos (3w1 +we)t 
cos (2w1 +2w2)t 
cos (wi +3we)! 
cos (4w1 +w2)t 
cos (3w1 +2w2)t 
cos (201 +3w2)t 
COS (w1 t4we)! 
cos (5w1 +we)t 





+(15/8)a6(pip2 +3 p13 p25 + prrpe) + °+> 
+(105/64)a7( pi8 pe +4 p14p2? +2 pi2p2®) + ++- 


+ (105/64) a7( pipe® +4p13 pot + 2pi5 pe?) + --- 





cos (4w1 +2a2)l 
cos (3w1 +3we)t 
cos (201 +4e2)l 
cos (wi +5w2)l 


(15/16)aspitp22 +++ 
(5/8)aspript+--- 

(15/32)aspi2pet+--- 
(3/16)acpip2®+-*° 

(7/64) azpi8pe+--- 

(21/64)azpi3p2? +--+ 
(35/64) azpitpoi +--+ 
(35/64) azpi2poi+ +> 
(21/64) azpi2pe + +++ 
(7/64) azpip2®+-++- 


Cos (641 +we)l 

Cos (Swi t2w2)t 
cos (4w1 +3w2)l 
cos (3w1 t4w2)l 
cos (2w1+5w2)t 


cos (@1 +6w2)t | 
| 





Constant displacement term: 
ao +(1/2)a2( pi? + p2”) +(3/8) a4( pit +4)12 po? + po!) 
+(5/16)a6( p15 +9 pitp2? +9 pi? pot + p28) 











obtain X as the sum of two Fourier cosine series 
involving harmonics of the form cos mw,;t and 
COS Nwet (n=1, 2, 3, ---), and a series of summa- 
tion and difference tones of the form cos (nw; 
+mw:2)t and cos (nw;—mwe)t, where m and n 
take all integral values.* 

According to the subjective tone theory, when 
two loud pure tones are sounded together, beats 
may occur between any subjective harmonics, 
summation tones, or difference tones which are 
of approximately the same frequency. This would 
result in a periodic fluctuation in loudness of 
the component of that frequency in the complex 
sound. 

For example, in the neighborhood of the 
fifth, 666.7~ and 1000~, we might expect beats 
between the third harmonic of the lower tone, 
and the second harmonic of the higher tone. 
These beats should occur in a tone with a fre- 
quency of 2000~,—an octave above the upper 
primary tone. Or, beats might occur between the 
two difference tones, cos (w;—we)t and cos (2 
—we)t. These beats should be heard in a tone 
with a frequency of 333.3~. This corresponds to 
the pitch of the prominent beating tone actually 
heard at this interval. Similarly, the pitch of 
the prominent beating tone in all the observed 
cases was such as would result from beating 
difference tones rather than from subjective 
harmonic or summation tones. This absence of 
beats between harmonics or summation tones 
might be attributed, of course, to the greater 

* This derivation as far as the a3 term may be found in 


Fletcher’s Speech and Hearing, D. Van Nostrand Co., 
1929, p. 312. 





amount of masking suffered by the high fre- 
quency components in a complex sound. 

Assuming the subjective tone explanation of 
beats, let us determine what difference tones 
must be present (and above the threshold of 
audibility) within the cochlea in order to 
account for the beats which can be heard at 
intervals between the unison and the octave. 
Beats in the region of the unison, the octave, 
and the fifth were, of course, the most prominent. 
Beats arising from the mistuned fourth, third and 
sixth, however, were only slightly less prominent. 

The frequency ratio for a musical third is 4/5. 
The two difference tones of lowest order which 
could be concerned in beats at this interval are 
cos (wj—we)t and cos (4wi1—3we)t. The coeff- 
cient of cos (4w:—3wes)t involves the eighth 
term in Eq. (1). Specifically, this coefficient is 
(35/64)a;pitp.*+ higher order terms (see Table 
II). 

Similarly, the beats in the region of 909.09~ 
(frequency ratio, 10/11), for example, should 
arise from the beating of the difference tone, 
cos (10w;—9we)t, with the difference tone, cos (w1 
—we)t. The presence of the difference tone, 
cos (10w;—9w.2)t, would indicate that the twen- 
tieth term in Eq. (1) must be large enough to 
account for an audible component in the complex 
sound. Other beats heard would necessitate the 
participation of still higher order terms in the 
series. 

In a similar use of Eq. (1) in the theory of 
radiofrequency modulation* it is found that 


* See, for example, Everitt’s Communication Engineering, 
McGraw-Hill, 1932, p. 404. 
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terms beyond the third may ordinarily be 
neglected, since the effect of those following is 
negligible. As indicated in the opening paragraph 
of this paper, practically the same tacit assump- 
tion has been made by those using this equation 
to account for beats and combination tones. 

Our lack of information concerning the rela- 
tion of sound pressure at the tympanic mem- 
brane to the resultant displacement at the 
cochlea (X=f(p)) prevents our drawing any 
definite conclusions. If this theory is a sufficient 
explanation of beats and combination tones, 
however, we see that Eq. (1) must converge 
quite slowly for sound pressures of the order of 
70 db above the threshold of audibility. Terms 
beyond the twentieth must be large enough to 
account for audible beats in the resulting sound 
sensation. 

In Table II are listed the coefficients of 
summation and difference tones and a constant 
displacement term derived from Eq. (1) for 
terms involving the seventh and lower powers 
of p. This rather tedious process involves the 
substitution into Eq. (1) of the value of p given 
in Eq. (2). 


2. Application to an “‘asinic’? wave theory 


Another theory to account for beats and 
combination tones has received considerable sup- 
port. This theory denies one of the fundamental 
postulates advanced by Helmholtz: the state- 
ment that phase relations of the components 
make little or no difference in the sensation 
aroused by a complex sound. Koenig* particu- 
larly, provided a mass of experimental evidence 
to disprove this assertion. According to this 
view, any periodic change in the wave pattern 
of a sound may result in a periodic change in 
the sensation aroused, thus producing a beat. 
It may be shown that beats at any interval 
correspond to periodic changes of form in the 
resultant wave produced by the two primary 
tones. These “phase beats’ are visible in the 
oscillogram of any beating harmony. 

Fig. 2 illustrates four stages passed through in 
a single beat at the three intervals, the octave, 
the fifth and the sixth. Using two primary tones 


3Rudolph Koenig, Quelques Expériences d’Acoustique, 
Paris, 1882. 


with the phase relations shown in Fig. 2A, 
Koenig found the loudest effect for the quarter- 
period phase difference, the least for the three- 
quarter, and an average loudness for the zero 
and half-period phase differences. 

Each wave diagram in Fig. 2 contains two 
rhythmic units. A rhythmic unit is defined as 
the repeated element in a periodic wave, whether 
there be a harmonic wave of corresponding fre- 
quency or not. A group of rhythmic units forms 
a periodic wave which we may call an asinic 
wave if there is no sine wave with frequency 
corresponding to that of the rhythmic unit. 

From 2B it may be seen that a half period 
phase shift in the higher tone results in the 
same wave pattern as before. Likewise, in Fig. 2C 
a shift in the higher tone of one-third of a period 
yields the same wave pattern. In order to obtain 
the corresponding stages for tones in the fre- 
quency ratio n’/n, we introduce a fractional 
period phase lead in the upper tone of 0, 1/4n, 
2/4n and 3/4n, respectively. Thus, a 1~ per 
second mistuning of the upper frequency in an 
interval n’/n results in m beats per second. 
Similarly, a 1~ per second mistuning of the 
lower note produces u’ beats per second. 

It may be seen from Fig. 2 that the change 
undergone by the wave pattern in a single beat 
is more marked the smaller the numbers in- 
volved in the frequency ratio. We would expect 
to find the most pronounced beats about tones 
in these small integral ratios, as is the case. 
Furthermore, such well-marked phase patterns 
as these retain their general shape for a fairly 
large frequency range on each side of the perfect 
interval, corresponding to the wide frequency 
extent over which these beats are audible. 

Musical consonance is directly related to 
rhythmic unit frequency, also. Thus for the 
unison, the rhythmic unit frequency is 1000; 
for the octave, 500; fifth, 333.3; third and sixth, 
200. An examination of Table I will show that 
this connection holds also for the other perfect 
intervals of musical importance. 

It is only a step to the asinic wave explanation 
of combination tones. It is assumed that periodic 
asinic sound waves such as those represented in 
Fig. 2 are just as obvious to the ear as to the 
eye, and may arouse a sensation of pitch corre- 
sponding to the asinic wave frequency quite 
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RHYTHMIC UNITS PER SECOND 
3 


500 550 600 650 700 750 800 850 900 950 1000 
FREQUENCY OF THE LOWER PRIMARY TONE 


Fic. 3. Rhythmic units and combination tones within the octave 500~ to 1000~ 
(1000~ tone stationary). The rhythmic units are indicated by the vertical lines. The 
length of a line indicates the rhythmic unit frequency produced by a 1000~ tone and 
the frequency indicated by its position on the axis of abscissa. The arrows and fractions 
point out the intervals and the corresponding frequency ratios at which beats were 
audible. The dashed lines indicate difference tones as labelled; the dotted lines are higher 


order difference tones. 


independently of any sine wave of corresponding 
frequency. Thus the pitch of a complex sound 
would be determined by the rhythmic unit 
frequency, and the loudness of this pitch sensa- 
tion would depend upon the distinctness of the 
individual rhythmic units. This would explain 
the simple experiment wherein the fundamental 
frequency of a speaker’s voice may be removed 
in an electrical net-work without altering the 
apparent pitch of the voice. Here the rhythmic 
unit remains the same, though perhaps made 
less marked by the removal of the fundamental 
harmonic component. 

This explanation of combination tones would 
be untenable if the ear were known to act 
merely as a harmonic analyzer. However, it is 
generally recognized that so simple a picture of 
the ear’s function as that of the “piano” theory, 
for example, is probably inadequate. 

In Fig. 3, the tabulation given in Table II is 
represented graphically. The dashed line origi- 
nating at the lower right-hand corner represents 
the difference tone cos (w;—w2)t. As might be 
expected, this difference tone is loudest where a 
rhythmic unit frequency corresponds to the 
difference tone frequency. Between successive 
points at which rhythmic unit frequencies co- 


incide with the difference tone frequency, the 
wave has an imperfect periodicity of inter- 
mediate frequency, thus maintaining a con- 
tinuously varying difference tone frequency. It 
need not be assumed that a pitch should be 
heard corresponding to every rhythmic unit 
frequency encountered. Thus, we cannot hear a 
pitch corresponding to the rhythmic unit fre- 
quency at the interval 7/9 (777.8~, see Fig. 3), 
because this unit is not sufficiently well marked. 
Yet in each such rhythmic unit there are two 
well-marked halves which may give rise to the 
octave, 1555.6~, which is the frequency of 
the difference tone at this point. 

This same method may be applied to intervals 
greater than the fifth. Here the more prominent 
difference tone is cos (2w:—we)t, or that origi- 
nating at the octave. Fig. 2C is an interval from 
this region which shows a definite periodicity 
of 200~. 

The dotted lines indicate where higher order 
difference tones might be expected. Several ob- 
servers reported hearing the one originating at 
the fifth, cos (3w;—2we)t. It is difficult, however, 
for even musically trained observers to con- 
centrate their attention on the less 
elements of a complex sound sensation. 


obvious 
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CONCLUSIONS 


These experiments do not establish the validity 
of either of these theories, though it is our 
feeling that they rather support what we have 
termed an “‘asinic’’ theory, rather than the sub- 
jective tone theory based entirely on nonlinear 
distortion. The phenomena observed may be 
explained just as well, perhaps, by the subjective 
tone theory, but such an explanation involves 
the participation of much higher order terms in 
the nonlinear response equation than has been 
heretofore assumed. The middle ear is usually 
blamed for this nonlinear distortion. Yet, Lewis 
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and Reger, have shown that subjects lacking 
tympanic membranes and middle ear ossicles 
experience the same auditory sensations which 
have been attributed to subjective tones in 
normal hearing individuals. They conclude that 
the subjective tones must be added in the 
cochlea. We might further suggest that these 
“subjective tones’? may arise within the cochlea, 
without the intervention of any harmonic waves 
of corresponding frequencies. 





4 Lewis and Reger, An Experimental Study of the Role 
of the Tympanic Membrane and the Ossicles in the Hearing of 
Certain Subjective Tones, J. Acous. Soc. Am. 5, 153 (1933). 
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A Simple and Precise Standard of Musical Pitch 


Horatio W. Lamson, Research Engineer, General Radio Company 
(Received April 16, 1935) 


NE of the scientific requirements of the 
musical world is a standard of frequency 
which may be used as a reference for the determi- 
nation of musical pitch. Among the devices which 
one may employ for this purpose may be listed 
the tuning fork, the tuning bar, the organ pipe 
and the vibrating reed of the familiar pitch pipe. 
Each of these instruments, as ordinarily used, 
possesses certain difficulties when an attempt is 
made to utilize it as a highly accurate and 
unalterable standard of pitch. The tuning fork 
and bar, when actuated by a blow from a suitable 
hammer, produce musical tones having con- 
siderable purity but these tones are attenuated 
quite rapidly and have, accordingly, such a short 
duration as to limit accurate unison observations. 
The organ pipe, on the other hand, may produce 
a sustained tone suitable for accurate unison 
measurements but its fundamental pitch is, of 
course, irretrievably a function of temperature. 
The pitch pipe, so widely used as a reference 
standard of pitch in vocal music, besides being 
quite impure in the texture of its musical tone is 
the least accurate standard of those mentioned. 
The desirable specifications for a 
standard of musical pitch are as follows: 
Such a standard should be capable of producing 
a musical tone which is constant at some 
predetermined frequency, such as A equals 440 
cycles or double vibrations per second, to within 
at least 1/10 of one percent, irrespective of 
temperature or other atmospheric conditions. 
The musical tone produced therefrom should be 
unattenuated with time, reasonably pure in its 
composition, free from all inharmonic com- 
ponents, and of sufficient volume to meet all 
musical requirements. The device should be 
simple and thoroughly reliable in operation, and 
should have such small dimensions and weight 
and be sufficiently rugged in construction that it 
may be readily portable. 

It occurred to the writer that these specifica- 
tions could be met by the use of an electro- 
magnetically driven tuning fork which would not 
only produce a limited amount of musical tone of 
itself but which could, at the same time, produce 
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an electrical current of the same frequency to 
drive any electro-acoustic reproducer in the 
conventional manner, either with or without 
electrical amplification. Such an electro-acoustical 
method of obtaining musical tone from a fork is 
preferable to that of obtaining musical tone 
directly from the tines by the use of acoustic 
resonators, since the mechanical damping of the 
fork is minimized and its frequency stability 
thereby enhanced. 

With a simple standard of this sort, pitched, 
say at A 440, it is readily possible to tune unisons 
and the simple musical intervals, such as octaves, 
thirds, fifths, etc., with high precision by em- 
ploying the customary beat methods now used 
by musicians. Such tuning is considerably facili- 
tated by the sustained pure tone produced by the 
electrically driven fork. A moderate amount of 
musical tone may be obtained from a loudspeaker 
fed directly by the fork. A single musician may 
use a simple head telephone and obtain strong 
and positive beats during his tuning manipu- 
lations. A volume of tone sufficient to be heard 
simultaneously by a large orchestra may be 
obtained readily by feeding the electrical output 
from the fork into any public address or similar 
amplifier system. 

In the electromagnetically driven tuning fork 
the tines are kept in vibration at constant 
amplitude by a synchronous pulsating current 
flowing in an electromagnet acting on them. 
There are three well-known methods by which an 
exactly synchronous current for this driving 
magnet may be obtained from the vibration of 
the fork itself. In the first method, the actual 
to-and-fro displacement of the tines is made to 
open and close a pair of contacts and thus 
alternatingly establish and interrupt an electrical 
current flowing in the driving magnet. Such so- 
called contact-driven forks are of little value as 
highly accurate musical standards since their 
frequencies are necessarily quite low and since 
the variable reaction of the contact points upon 
the damping of the fork causes the frequency of 
the latter to wander more than is desirable. In 
the second, and ideal method, the fork may be 
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entirely free in its vibration and some electro- 
magnetic or electrostatic scheme is employed for 
generating small voltages, without contact, from 
the vibration of the tines. Such voltages are then 
fed into a vacuum-tube amplifier which, in 
turn, produces sufficient energy to operate the 
driving electromagnet. This so-called regener- 
ative method may result in a high degree of 
stability, but the equipment is generally compli- 
cated enough to limit its extensive use in the field 
of music. 

As a compromise between these two methods 
the author has developed a standard of pitch in 
which a sensitive microphone is mounted on the 
tuning fork in such a manner that, while the 
microphone is energized by the vibration of the 
fork, it does not appreciably load the fork and 
influence the damping and frequency of the 
latter. The synchronous pulsating currents pro- 
duced by this microphone are of sufficient in- 
tensity to operate the driving magnet directly. 
These so-called microphone-driven tuning forks, 
properly designed, may be made with sufficient 
stability to be at all times reliable standards of 
musical pitch and to meet the most exacting 
requirements of the musical world. Such stand- 
ards are compact, relatively inexpensive, simple 
to operate and may be energized by a small 
battery of flashlight dry cells or, if desired, may 
be driven by any convenient source of alternating 
or direct current. 

The author conducted an experimental and 
theoretical study of the design of tuning fork best 
suited for this purpose and found that forks 
having the general shape shown in Fig. 1 are 
quite satisfactory and relatively inexpensive to 
manufacture. 

The fork is cut from a rectangular bar of 
special steel alloy which gives a low temperature 
coefficient of frequency. The 
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simple cutting operation consists of drilling an 
accurately centered hole through the bar stock 
near the heel of the fork and subsequently 
milling an accurately centered slot along the bar 
from the end opposite the heel until this slot 
breaks into the hole, thus forming the two tines, 
The width of the slot should be, preferably, less 
than 80 percent of the diameter of the hole. With 
care, a high degree of mechanical symmetry can 
be obtained in this manner, producing a fork of 
low damping. The proportional dimensions of the 
bar, the hole and the slot depend, of course, upon 
the frequency desired. 

The frequency of a fork of this shape may be 
computed with considerable accuracy if Young's 
modulus of elasticity, Y, and the density, d, of 
the material are known together with the follow- 
ing physical dimensions: /7, the width of the heel; 
T, the width of each tine; D, the diameter of the 
hole and R its radius; and L, the length of each 
tine from its free end to the equator which may 
be defined as the diameter of the hole perpen- 
dicular to the tines. The frequency is independent 
of the other dimension, namely, the thickness of 
the bar stock so long as this is uniform through- 
out. All quantities are measured in c.g.s. units. 
The frequency, in cycles or double vibrations per 
second, is given by the equation: 


f=[RV/(MT)!\(Y/d)}, 


in which the quantity M has been computed by 
the equation 


M = N*/6+N?*RS+NR°U, 


wherein N=L—R. 

Values of the three quantities S, U and V have 
been computed by statistical integration of an 
integral occurring in the vibrational equation of 
the fork and are given in Table I expressed as 
functions of the ratio of the width of the heel, //, 
to the diameter of the hole, D. 

For the alloy used in these forks the square 
root of the ratio of Y to d had a value 48.8 x 10°. 
The corresponding value for the average cold 
rolled steel may be taken as 51.1 10*. 

The completed fork is mounted rigidly at the 
heel above a small panel which also serves to 
support the driving electromagnet, located with 
small clearance in the slot between the two tines 
so that it acts equally upon both. This small base 
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TaBLE I. Tabulated values of S, U and V as functions of 








A/D. 

H/D S U V H/D S U V 

1.100 0.558 0.622 0.001423 1.34 0.584 0.682 0.00623 
1105 .556——617 1495 | 1.36 = .587 ‘689 668 
1.110 .554 .612 1575 | 1.38 .590 695 713 
1.115 aaa .609 1660 | 1.40 .592 .698 757 
1.120 551 .606 1751 1.42 .593 .700 801 
1.13 0.553 0.610 0.001933 1.44 0.593 0.702 0.00845 
1.14 555 -615 2120 | 1.46 .594 -705 890 
1.15 558 -621 2312 1.48 .596 .709 935 
116 .560 627 2505 | 1.50 .598  .713 979 
1.17 -562 630 2698 1.52 .599 -717 .01024 
1.18 0.563 0.632 0.002890 1.54 0.601 0.721 0.01069 
1.19 .564 .635 3085 1.56 .603 .725 1115 
1.20 566 .639 3280 | 1.58 605 .730 1160 
1.21 568 643 3485 | 1.60 .607 .735 1206 
1.22 .569 .647 3690 | 1.62 .608 .740 1251 
1.23 0.571 0.650 0.00390 1.64 0.610 0.744 0.01296 
1.24 572 .654 411 1.66 611 .748 1340 
1.25 574 .657 432 1.68 612 .750 1384 
1.26 .575 .660 453 1.70 .614 .753 1428 
1.27 .577 .663 474 1.72 615 755 1471 
1.28 0.578 0.665 0.00495 1.74 0.616 0.757 0.01513 
1.29 579 .668 516 1.76 .616 .759 1556 
1.30 .580 .670 537 1.78 -617 .761 1597 
1.31 581 .673 558 1.80 618 .763 1637 
1.32 .582 .676 580 1.82 .618 .765 1668 
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panel is then mounted by means of four resilient 
members on a larger panel which serves as a 
support for the whole fork unit. The use of these 
resilient mountings is quite important since it 
practically eliminates the transmission of acous- 
tic energy to the support panel, thereby mini- 
mizing the damping of the fork. It can be shown 
that any design feature which reduces the 
damping of a vibrating system always improves 
its frequency stability at a given temperature 
and makes it a more accurate and reliable 
standard of frequency or time. 

Two microphone buttons are mounted, one on 
each tine of the fork, at or somewhat back of the 
equator. In this manner the slight loading 
produced by the microphone buttons influences 
the free vibration of the fork to only a very slight 
degree. These microphones are of the conven- 
tional rigid-back type used in the modern 
telephone transmitter. One microphone is con- 
nected, in series with the electromagnet, across a 
driving battery, and the pulsating current set up 
in this circuit serves to keep the fork vibrating 
at a constant small amplitude. The other micro- 
phone serves to give an electrical output from 
the fork which may be used for any desired 
purpose. The use of two microphones is doubly 
advantageous. In the first place, a symmetrical 
loading of the fork is produced which, of course, 
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contributes to its frequency stability. In the 
second place, the constant amplitude at which 
the fork is driven by one microphone is entirely 
independent of the amount of electrical power 
which is taken from the other microphone circuit. 

To facilitate the final calibration of the as- 
sembled tuning fork unit the end of each tine is 
drilled and tapped for about 1/4 of its length. 
Into each of these holes is inserted a headless 
self-locking setscrew about half the depth of the 
hole in length, so that it is completely submerged 
in the end of the tine. A symmetrical in-and-out 
adjustment of these two screws provides a means 
of adjusting the frequency of the assembled fork 
accurately to the desired value. In the author’s 
laboratory and in commercial production this 
calibration is accomplished by stroboscopic com- 
parison with a piezoelectric standard known to 
be accurate to better than one part in one 
million. When once calibrated in this manner the 
tension of the setscrews holds them in position, 
so that the frequency of the fork remains constant. 

The author has constructed various forks of 
this character ranging in frequency from 50 to 
2000 cycles or double vibrations per second. The 
following data taken with a fork tuned to the 
conventional American standard of A 440 will be 
indicative of the results obtainable with these 
simple standards which, it is believed, are 
definitely superior to any hithertofore obtained 
with an electrically driven fork, with the ex- 
ception, of course, of a free fork driven by a 
regenerative amplifier. 

In the first place, the use of a steel having a 
low temperature coefficient of frequency results 
in a fork the frequency of which varies by less 
than five parts per million per degree Fahrenheit 
change in temperature. In the second place, the 
decrement of the fork is so low that changing the 
driving voltage by one volt, or over 30 percent, 
shifts the frequency by only 30 parts per million. 
Tilting the fork at different small angles produces 
no appreciable change in frequency. No aging 
effect has been detected, but should a slight 
frequency drift occur over long periods of time, it 
may be compensated easily by a readjustment of 
the calibrating screws. 

It is thus seen that we have a fork here, the 
frequency of which can, without question, be 
relied upon to one part in 10,000 or 0.01 percent 
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under all ordinary conditions of use and with a 
wide tolerance of temperature and driving 
voltage. Such an accuracy, which is considerably 
beyond the pitch discrimination of the human 
ear, fulfills all demands of the musical profession. 

When the tines of a fork vibrate transversely 
with a frequency of f cycles or double vibrations 
per second, the heel of the fork is subjected to a 
longitudinal vibration at a frequency of 2f cycles 
per second. As a result of this action and also 
because of the inherent non-linear response of the 
carbon microphone, there is a_ considerable 
component, often as much as 20 percent, of the 
second harmonic in the electrical output of the 
fork. In order to reduce this second harmonic the 
author, with the cooperation of Dr. W. N. Tuttle, 
designed a four-element electrical filter system 
which passed the fundamental frequency readily 
but which strongly attenuated the higher har- 
monics, especially the second. Fig. 2 shows the 
elements and the transmission curve of this filter 
plotted in terms of the ratio of the applied 
frequency, f, to the fundamental frequency, fo. 
When the electrical output from the fork is 
passed through such a filter, the total harmonic 
content is reduced to less than } of one percent of 
the fundamental. 

In addition to tuning unisons, octaves, etc., by 
observing beats, it is possible, by stroboscopic 
methods, to determine the pitch of any musical 
tone with the same precision as the standard 
fork. An example will suffice to indicate the 
method of procedure. 

It is well known that the notes of the diatonic 
scale, based on A 440, are all integral multiples of 
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the number 11. A synchronous motor can be 
constructed which, when driven by the 440-cycle 
current from the A 440 fork, will execute exactly 
11 revolutions per second. The shaft of the motor 
can carry a stroboscopic disk provided with a 
series of eight concentric rings divided, respec- 
tively, into 24, 27, 30, 32, 36, 40, 45 and 48 pairs of 
alternate black and white segments covering a 
diatonic octave. Such a disk is shown in the 
outer portion of Fig. 3. The tone of any musical 
instrument can be picked up by a microphone, 
amplified, and made to flash a stroboscopic light 
in exact unison with the fundamental pitch of the 
instrument. If this light illuminates the rotating 
disk and if the tone in question is, say, exactly 
B 495, then the 45-spot ring will appear to stand 
perfectly still. On the other hand, if the tone is 
slightly flat the corresponding ring will appear 
to rotate slowly in the direction of the true 
motion of the disk, while if, conversely, the tone 
is slightly sharp, the ring will appear to move ina 
direction opposite to the true rotation of the disk. 
Thus very precise tuning may be accomplished. 
This same disk may, of course, be used for the 
determination of a diatonic scale based on any 
pitch assigned to A. Furthermore, the same disk 
will give stationary patterns over any diatonic 
octave in the whole range of musical pitch. 
Unfortunately, the 
tempered scale, which have successive frequency 


notes of the equally 
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ratios equal to the twelfth root of two, are not 
integral multiples of any single number so that 
it is not possible to design a stroboscopic disk 
which, run at a single speed, will give stationary 
patterns for all the notes of the equally tempered 
scale. However, by timing the differential drift of 
one of the proper series of stroboscopic rings, it is 
possible to tune any one of the half notes of the 
equally tempered scale, corresponding to the 


black and white keys of the piano, in terms of a 
single frequency standard. 

On the other hand, by using a battery of 
twelve tuning fork standards each pitched 
exactly at the successive notes of an octave of the 
equally tempered scale, it would be possible to 
obtain stationary stroboscopic patterns for each 
note in this octave as well as all lower or higher 
octaves. 
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On the Principle of Uncertainty in Sound 


Winston E. Kock, University of Cincinnati 
(Received January 11, 1935) 


Following Stewart, a discussion of the application of the principle of uncertainty (AvAt ~ 1) 
to sound phenomena is given. Various sound phenomena are thereby explained and certain 
related experiments with frequency vibrato are reported. The phenomena explained are: The 
chromatic glissando imitation of a portamento, analysis of a formant into a Fourier series, 
the relation between vibrato wideness and pitch range and the pleasing effect of a frequency 


vibrato. 





INTRODUCTION 


TEWART,;! acting on a suggestion from A. 
Lande, has discussed the applicability of the 
principle of uncertainty to trains of sound waves, 
and has suggested various lines of research to test 
this assumption. It is the purpose of this paper to 
utilize this assumption in order to explain several 
phenomena and experiments. The principle of 
uncertainty is intrinsic in any type of wave 
motion, but the form given by Stewart permits of 
very convenient interpretation in the explanation 
of certain phenomena. 

The line of reasoning employed was to trans- 
form the uncertainty condition ApAq~h to its 
equivalent AEAt~h and then by means of the 
substitution E=fy to obtain AvAt~1. This 
relation indicates that for a given time interval 
At the pitch of a given note cannot be ascertained 
with an accuracy greater than the frequency 
interval Av as determined by the relation 
AvAt~1. 

In this paper a discussion of known phenomena 
explainable by means of the uncertainty principle 
will first be presented and will be followed by a 
report on certain experiments with frequency 
vibrato. 


PHENOMENA EXPLAINABLE BY THE 
UNCERTAINTY PRINCIPLE 


A rapid scale passage, say, for example, on the 
organ, consists of a series of wave trains whose 
individual times of duration depend upon the 
rapidity of execution. From the relation AvAt~1, 
we note that for a given time of duration, a high 
frequency note can be determined with greater 
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1 Stewart, J. Acous. Soc. Am. 2, 325 (1931). 
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accuracy than a low frequency one, and that a 
note rich in harmonics is therefore more accu- 
rately ascertainable than a pure tone of the same 
pitch. This explains why, for a given speed of 
execution, a rapid chromatic scale passage on an 
organ, for example the chromatic glissando, so 
popular among motion picture organists, can 
more effectively imitate a true portamento when 
stops are employed which lack harmonics (such 
as the Tibia or Stopped Diapason), since for a 
sufficiently rapid execution the uncertainty of 
pitch for a pure tone may actually extend over an 
interval greater than a semitone and the ear 
would have difficulty in distinguishing between a 
true portamento and its chromatic glissando 
imitation. 

This could likewise explain why a rapid upward 
harp arpeggio is so effective in leading up to an 
orchestral crash, a device frequently employed 
especially in the more recent symphonic works. 
Plucked at the center of the string, the harp gives 
a fairly pure tone so that a rapid arpeggio would 
approximately resemble a true portamento. 

From the principle of uncertainty, we can 
deduce that a formant will be perceived as being 
composed of the overtones of the fundamental 
generating frequency according to a Fourier 
analysis of the periodically produced formant, 
provided the frequency of the generating tone lies 
in the audible range. Trautwein’ first noticed this 
effect in observing that when the generating 
frequency is increased from a subaudible to an 
audible one the ear loses consciousness of the 
formant frequency and perceives only the gener- 
ating tone with the characteristic tone quality 


2 Trautwein, Veroff. der Rundf. Vers. Stelle, Hochsch. 
fiir Mus., Berlin 1 (1930). 
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imparted to it. Experiments performed by the 
author, using Helmholtz resonators tuned to the 
formant frequency, agreed with this observation 
of Trautwein’s. 

Since AvAt = 1, we see that the frequency of any 
wave train, for example a formant, whose time of 
duration is shorter than the period of the 
generating note, cannot be ascertained with an 
accuracy greater than a frequency interval equal 
to the frequency of the generating note, i.e., the 
interval between two consecutive harmonics. 
Since the ear is able to take cognizance of all the 
important harmonics which go to make up the 
formant as soon as the lowest of these, the 
fundamental, reaches audible frequency, and 
since the ear is not able to place the tone with an 
accuracy greater than a harmonic interval, it is 
natural that the ear analyze the formant into its 
harmonic components. 

In the case of a frequency vibrato, the principle 
of uncertainty clearly points out the relation 
between vibrato wideness and pitch range. 
Although a frequency vibrato of a given tremolo 
speed and wideness, say a semitone, may be 
perceptible when employed on a note in the 
higher registers, it would not necessarily be 
apprehendable on a low note. For a given tremolo 
interval (wideness), the tremolo speed must be 
decreased for the low registers in order to have 
the vibrato as noticeable as in the high registers, 
or conversely, for a given tremolo speed, the 
wideness must be increased in the lower registers 
(wideness as reckoned in scale intervals). 

Barthlomew’ has listed a vibrato as one of the 
essentials in his physical definition of good voice 
quality. The pleasing effect of a frequency 
vibrato may be partly explained as follows: A 
note sufficiently off pitch to be recognizable as 
such when no vibrato is present may become 
unobjectionable when a frequency vibrato is 
imparted to it merely because its true pitch 
becomes unascertainable and the ear may adjust 
itself to accept the pitch actually intended. This 
is very noticeable in the case of a falsetto voice 
with a very wide frequency vibrato. At times, 
when the note sung is badly off pitch, flat, let us 
say, although the vibrato permits the ear to 


select the proper pitch, through a little practise 


3 Bartholomew, J. Acous. Soc. Am. 6, 25 (1934). 
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the listener can imagine the intended note to be a 
lower one, perhaps a quarter or even a semitone 
lower (that is, the listener selects an improper 
pitch) and the effect of flatness becomes glaringly 
evident. 


EXPERIMENTS WITH FREQUENCY VIBRATO 


An inductive glow discharge oscillator was 
used as a sine wave generator‘ and by varying 
the constants of the resonant circuit, a pure 
frequency vibrato of any desired wideness or 
tremolo speed could be imparted to the generated 
sine wave. 

Starting with a note of constant pitch, a 
gradually increasing frequency vibrato was im- 
parted to the note. To the ear, the actual 
frequency vibrato was not observable until it had 
become rather wide and then it would suddenly 
become noticeable. When the vibrato was nar- 
row, a frequency vibrato could not be detected, 
and yet it was evident that it was not a constant 
tone with no vibrato; it seemed as though an 
amplitude vibrato were present. 

The principle of uncertainty shows that for a 
given tremolo speed, frequency vibrato as such 
would not become noticeable until the tone 
interval determined by AvAt~1 was exceeded, 
but the subjective amplitude vibrato is probably 
based on the following phenomenon. 

It is known that the subjective pitch of a tone 
varies with intensity; this subjective pitch 
difference actually extends a semitone or more 
for large amplitude differences. As the volume of 
a tone is increased, the pitch appears to decrease 
so that a tone heard possessing only a wide 
amplitude vibrato would be subjectively per- 
ceived as possessing a frequency vibrato in 
addition. Since the ear has no way of telling 
whether or not this frequency vibrato is intrinsic 
in the note itself, i.e., objective, it would likewise 
be unable to ascertain whether a true frequency 
vibrato heard were real or also merely subjective, 
i.e., produced by means of a pure amplitude 
vibrato, so that it would subjectively associate 
with every frequency vibrato an accompanying 
amplitude vibrato. In the above case, when no 
frequency vibrato could be detected, the only 


4 Kock, Zeits. f. tech. Physik 15, 377 (1934). Especially 
p. 382 (Part 4). 
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remaining characteristic would be the amplitude 
vibrato. 

This explanation is borne out in experiments 
with pure amplitude and pure frequency vibratos. 
When the two types are kept narrow it is almost 
impossible to distinguish between them. 

The above applies mainly to pure tones, since 
the presence of high harmonics in appreciable 
amounts would reduce the uncertainty interval 
(measured in musical steps) proportionately, and 
the ear is able to distinguish between the two 


E. KOCK 


types of tremolos. This explains why the ordinary 
organ tremolo, which produces an almost pure 
amplitude vibrato on flue type pipes (their pitch 
is not greatly affected by variations in pressure 
as in the reed pipes), is more effective on pure 
toned flue pipes, such as the stopped diapason, 
than on those flue pipes rich in harmonics, such 
as the violin diapason. The lack of harmonics in 
the stopped diapason increases the uncertainty 
range and the ear is deceived into imagining the 
presence of a frequency vibrato. 
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Dust Figures in a Kundt’s Tube 


R. B. HAstinGs AND D. H. BALL, Macalester College, St. Paul, Minnesota 
(Receivedl January 21, 1935) 


An experimental investigation of Kundt’s tube phe- 
nomena has been performed with the primary purpose of 
investigating the actual motions and appearances of the 
striations under different conditions. No attempt was made 
to formulate rigorous theories explaining the figures. Very 
clear photographs of the particles in a striation were made 
by causing the striation to move out to the end of the tube 
and remain stationary long enough to be photographed. 
Photographs were also taken through the eyepiece of a 
microscope. From these it was evident that the particles in 
a striation did not, in general, touch each other. Striations 


HE object of this experiment was to in- 

vestigate the phenomena in a Kundt’s 
tube. No attempt was made to formulate rigorous 
theories explaining the dust figures; it was rather 
the purpose of this study to learn more of the 
actual motions and appearances of the figures. 

Recently, since radio amplification has been 
perfected, much interest has been shown by 
several experimenters in using an electrical 
method of producing the sound.' For experi- 
mentation with very low frequencies, results may 
be obtained by simply placing a loudspeaker of 
sufficiently high resistance across the 110 volt 
alternating current terminals. In this method the 
figures are much less active and it is necessary to 
use very large, long tubes and great intensity to 
get results. 

Good results may be obtained by constructing 
the conventional Hartley oscillator and modu- 
lating the input with a high pitched buzzer. 
Results are also satisfactory if the howl of a 
regenerative oscillator is greatly amplified. In 
both of these latter methods it is very difficult to 
determine the exact frequency of the tone for any 
measuring purposes. 

The method which was found most satisfactory 
for general purposes in the present experiment 
was to use the amplified output of a General 
Radio Audio-Oscillator, in which the source of 
oscillations is a 1000 cycle per second tuning fork. 





1 Hutchisson and Morgan, Phys. Rev. 37, 1155 (1931); 
Andrade and Lewer, Nature Nov. 9 (1929); also J. Sci. 
Inst. 7, 52 (1930). 
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on either side of a long metal rod on the bottom of the tube 
usually showed different spacings and occurred in different 
numbers on either side. This could not be caused by 
overtones since it is unlikely that more overtones could 
exist on one side than on the other. An electrostatic charge 
in motion near the tube prevented the figures from forming. 
A stationary charge in no way prevented their formation. 
Figures destroyed by the motion of a charge would slowly 
build up again when the charge was brought to rest, even 
with the charge present. 


The output current of the oscillator was first sent 
through a three-tube resistance-coupled ampli- 
fier, and then through the power amplifier of a 
standard receiving set. A loudspeaker unit 
produced the sound. The wide variation of 
intensity necessary for this experiment could not 
be obtained satisfactorily by the ordinary volume 
controls on the units. It was found that proper 
control could be obtained by varying the distance 
between the magnets and the diaphragm of the 
speaker. The general scheme of the experiment is 
shown in Fig. 1. 

$ to 3 inches in 
diameter. Cork dust made with a fine grindstone 
was used for producing the figures. The loud- 
speaker unit was fastened securely to one end of 
the glass tube in such a way that vibration 
between tube and unit could not take place. 
When an open tube was used, the length was 
varied by telescoping another tube over it. For 
a closed tube a close-fitting piston was used. All 
observations of the figures were made with the 
tube at resonance in order to excite maximum 
activity in the cork dust. 

Some experimenters have tried to use a 
microscope through the glass and to photograph 
the figures in this manner. In this experiment 
most success was obtained by observing the 
striations through the open end of the tube and 
photographing them from this position. This was 
possible only with tubes of small diameter (4 
inch). When the length of the tube had been 
carefully adjusted, sometimes a single striation 


The tubes used varied from 
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Fic. 1. A, Audio-oscillator; B, 3-Tube resistance-coupled amplifier; C, Power 
amplifier; D, Loudspeaker unit; E, Telescoping glass tubes. 


would slowly travel toward the open end of the 
tube. Upon reaching this position, it would hover 
there for several minutes in a condition so nearly 
stable that the motions of the dust particles 
could be observed for five or six minutes at a 
time without refocusing the microscope. So 
nearly stable were the particles that time ex- 
posures of from } to ? second were made with 
excellent results. 

In general the figures were symmetrical and 
the striations were evenly spaced. The region of 
greatest activity was the center of an antinode, 
and the height of the striations decreased evenly 
until a node was reached. Occasionally, however, 
an unsymmetrical form was produced, ap- 
parently under the same conditions which pro- 
duced a symmetrical form. No explanation could 
be found for this irregularity. A typical unsym- 
metrical form is shown in Fig. 2. 

Very accurate measurements of the wavelength 
can be made. The equipment was set in operation 
in a dark room. Moving picture film was placed 
under the tube and a bright flash lamp was 
used to illuminate the tube from above. Each 
striation left a clear shadow on the film and by 
careful counting, the wavelength was deter- 
mined. The velocity of sound at atmospheric 
pressure in different gases was calculated. 

Although the presence of regions of alternate 
activity and repose in the tube is easily explained 
by the theory of standing waves, there seems as 
yet to be no adequate explanation of why the 
motion at the antinodes should make definite 
dust figures rather than to cause a general 
agitation of the dust. When enough observations 
have been made to build up a theory which will 
explain the distance apart of these striations, an 


explanation of their formation will probably be 
near at hand. Some factors affecting the spacing 
of the striations are: Intensity of sound, size of 
particles and density of the gas carrying the 
sound 

Hutchisson and Morgan state that the in- 
tensity of the sound is probably the most 
important single factor determining the striation 
spacing. The present experiment failed to prove 
such a relation between spacing and intensity. 
If standing waves were produced of such low 
intensity that the dust particles were not agitated 
at all, and the intensity was increased until it 
was so great that the striations lost their definite 
form, there seemed to be no change in striation 
spacing. On the other hand, if at the start the 
waves were strong enough so that high striations 
were present and the intensity was gradually cut 
down, each striation remained in its original 
position as its height decreased. The dust col- 
lected in piles at the bottom of the tube, and the 
spacing of the piles was the same as that of the 
striations at maximum intensity. 

According to several experimenters the size of 
the dust particles has a definite bearing on the 
spacing of the striations. There is a definite size 
of particle which will give minimum spacing for 
each particular value of gas density. Anything 
smaller or larger will increase the spacing. The 
denser the gas, the finer the dust must be for 
close striations. The density of the dust has the 
same effect, there being a density for minimum 
spacing. 

It is important to note, as brought out by the 
present experiment, that the spacing must be 
determined by some approximate average size of 
the particles rather than by individual particles. 
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Dust made of several different sized particles was 
introduced into the tube. Striations were not 
formed in different places, with each striation 
made up of one particular size of particle. 
Instead, each striation was made up of all sizes of 
particles. The spacing was somewhere between 
what it would be if the dust particles were all 
small or all large. 

The nature of the forces on the particles in a 
striation has been the subject of considerable 
discussion. Kénig* states that in a uniform sound 
field the force on a single particle is zero. If two 
spheres, a moderate distance apart, lie in a line 
parallel to an alternating flow, they will be 
repelled. If the line joining the centers is at right 
angles to the flow, they will be attracted. 

R. W. Wood? and R. W. Boyle* independently 
refer to rapid coagulation of small particles of 
coke and other powders in liquids through which 
intense high frequency sound waves are passing. 

According to Cook,* each particle in a striation 
exerts a repulsive effect on its neighbors and no 
particle touches those about it. The later work 
done by Hutchisson and Morgan found the 
opposite to be true. They state that no matter 
what kind of dust was used, the particles re- 
mained in contact, as though an attractive force 
were present. The present study seems to support 
Cook's view quite decisively, as shown by the 


2 Kénig, Wied. Ann. 42, 353 (1891). 

3 Wood and Loomis, Phil. Mag. 4, 417 (1927); also 
Nature, Aug. 6, (1927). 

* Boyle and Lehmann, Trans. Roy. Soc. Canada 19, 159 
(1925). 

* Cook, Phil. Mag. 3, 47 (1902). 


following photographs. Fig. 3 shows an end-on 
view of striations at the open end of the tube. 
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This was taken with an enlarging camera, the 
magnification being 2} diameters. Fig. 4 is a 
photograph taken through the eyepiece of a 
measuring microscope. The magnification is 16 
diameters. This is perhaps the more conclusive. 

One other effect that has not been noted before 
is the damping effect of very high striations on 
the sound traveling through the tube. Even with 
a very loud sound it is quite evident that the 
intervening striations cause a muffling effect. 
Each striation or “‘wall’”’ acts almost as if it were 
an elastic curtain stretched across the tube. 
When air currents from outside enter the open 
end, the striations sometimes bend about like 
tiny webs. The high striations needed to show 
this damping effect may be produced by using a 
tube about ? inch in diameter and 30 inches long. 
The sound must be very intense. 

It has been suggested by observers of this 
experiment that a possible explanation of the 
number and spacing of the striations lies in the 
presence of overtones. Each striation may repre- 
sent the antinode of an overtone. This theory 
was disproved in the following way: A division, 
in the form of a long metal rod, was placed in the 
bottom of the tube. This caused the striations to 
be divided at the rod. More often than not, it 
was found that there were more striations on one 
side of the rod than on the other. It is scarcely 
possible that there could be more overtones on 
the one side than on the other. It was also found 
that the spacing of the striations differed on 
opposite sides of the rod. A photograph showing 
both different numbers and different spacing of 


striations on opposite sides of a metal rod is 
reproduced in Fig. 5. 

Because the particles always move in definite 
relation to other particles about them in a 
striation, it seemed possible that some electro- 
static effect might be playing a part in their 
arrangement. Considerable work was done to 
find such a charge. However, even when alumi- 
num dust was used and a wire run from the 
center of a striation out of the end of the tube and 
to a very sensitive electroscope, no evidence of a 
charge was found. It was clear, however, that a 
charged rod of either sign brought near the tube 
would temporarily destroy the dust figures. If the 
rod was left in place near the tube, the striations 
would form again in two or three seconds. If the 
rod was now removed, they would again be 
broken up but would soon form anew. The only 
sure conclusion from the experiments with static 
electricity was that the dust figures could not 
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exist under conditions where a charge was in 
motion nearby, probably because the attractions 
between individual particles were changed by the 
motion of the charge. A stationary charge 
allowed the particles to build up as usual. 

When a charge was brought near while the 
striations were being watched through a micro- 
scope, it was found that if the charge was within 
one foot of the tube it would cause violent 
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agitation of the individual particles even though 
it did not break up the complete striation. Fig. 6 
shows the start of the breakdown of striations 
when a charged rod approaches the tube. No 
essential difference could be detected between 
the effects of positive and negative charges. 

In conclusion, the writers wish to express their 
thanks to Mr. A. Hobart for his valuable aid in 
the photographic work. 
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Subharmonics in Forced Oscillations in Dissipative Systems. Part II * 


P. O. PEDERSEN,| Copenhagen 
(Received September 5, 1934) 


4. EXPERIMENTAL INVESTIGATIONS 


AVING proved the possibility of the occur- 
rence of subharmonics under particular con- 
ditions we proceeded trying to establish experi- 
mental verification of the theoretical results 
arrived at. A confirmation of this nature is par- 
ticularly desirable in a case like the present one 
where an exact calculative treatment is impossible, 
and where it is not easy to ascertain before hand 
the justification of such approximations which 
we have found necessary in order to carry through 
our calculations. The investigations have com- 
prised mechanical as well as electrical systems. 


Mechanical systems 


Fig. 9 shows the mechanical system which we 
have investigated; it consists of an oscillating 
system (with a mass M elastically suspended) 
and the outside motive force is transferred to 
the point a by means of a special device I7. The 
motive force in a is produced by a spring sus- 
pended between a and 3, and the force in a will 
vary sinusoidally when 6 is given a sinusoidal 
movement backwards and forwards by means of 
a crank, always provided the movement of a is 
small compared to the movement of b. 

The principle of the device // is a lever with a 
varying ratio between the arms. In this case J/ 
takes the shape of two pulleys fastened on to 
the same shaft—one of them circular, the other 
noncircular. When the force of a is transferred 
to the noncircular disk through a cord, and 
from there through another cord around the 
circular disk to c, the force acting on the system 
may be given a dependence of exactly the type 
desired, for instance, corresponding to the force 
acting upon the moving coil of the loudspeaker 
in an inhomogeneous magnetic field. 

This experiment proved fully the correctness 
of the theory. When the crank shaft attains a 
velocity of rotation corresponding to double the 

* Part I of this paper appeared in J. Acous. Soc. Am. 
6, 227 (1935). 

+ Ph.D., Professor Royal Technical College. 
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natural frequency of the oscillating system this 
will start to oscillate with a frequency equal to 
one-half of the number of revolutions of the 
crank shaft, provided the motive force, which 
may be regulated by altering the length of the 
crank arm, is sufficiently large. 

The amplitude of the second subharmonic 
seems to be capable of rising almost indefinitely 
since it rises, more or less quickly, to the maxi- 
mum value which the system permits. These 
subharmonics thus seem to be of the same 
character as the subtones of the loudspeaker. 

When treating the problem mathematically 
we found that subharmonics will as a rule occur 
in a system the movements of which are deter- 
mined by the differential equation: 

dx dx 


Mo-—+Pro—+ Sox = Fo(1+ 21x) sin 2, 
dt? dt 


(4.01) 


f 1 Vv . 
or when y=/0, 210, wo= (So/mo)? and Gy= Fo my, 


d?x dx 
— + 2y—+ wo’x =Go(1+¢1x) sin 2wt, (4.02) 
dt? dt 
when the conditions 
21Go. = 4ywo = 2rowo My for w= Wy (4.03) 


are complied with. 

The next part of the experimental work aimed 
at an arrangement of the mechanical system for 
which the differential equation (4.01) applies, so 
as to render possible an investigation of the 
correctness of the condition (4.03). In order to 





Fic. 9. A mechanical system with a linear dependence of 
the motive force upon the amplitude. 
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carry out this scheme it was necessary that we 
should be able to vary the damping (7) of the 
system and for this reason an electromagnetic 
damping device was used; this consisted of ‘an 
aluminum disk D fitted to the mass M, and 
vibrating in the field of a powerful electromagnet 
DM. It was thus possible to vary the damping 
at will and in a reproducible way right up to 
such high values that the movement became 
aperiodic. 

The outside motive force Fo sin 2wt is ‘‘modu- 
lated” in conformity with the movement of the 
mass by means of the said device made up of a 
circular and a noncircular disk, and the non- 
circular disk was given a shape which would 
render the modulation linear, i.e., the modulation 
term assumes the form (1+ ¢;+). 

The constants of the system were now deter- 
mined through a series of measurements. The 
effective mass #9 was determined through vibra- 
tion tests, and the stiffness of the system so, the 
modulation factor g; and the force Fy were 
determined directly by measuring lengths and 
weighing the forces. An excellent check on the 
exactness of the measurements was reached 
through calculating the natural frequency of the 
system and subsequent direct measurements 
hereof. 

The resistance 7% was determined partly by 
registering the free vibrations of the system 
using these for determining the logarithmic 
decrement, partly by measuring the amplitude 
of the system in the case of resonance for a 
given force. These measurements unfortunately 
revealed the error in the mechanical system that 
the damping was not independent of the ampli- 
tude of vibrations but decreased with increasing 
values of these. This applies particularly when 
the electromagnetic damping is small or zero and 
the reason is no doubt that a quite substantial 
part of the damping of the system is due to 
friction. 

The results of our experiments with this 
system thus failed to give a good numerical 
conformity with the theoretically found condi- 
tions for the occurrence of subharmonics, as for 
instance in a particular case we found the ratio 
Tealeulated / “measured = 0.45. On the whole, however, 
we found the general behavior of the system 
to be in good accordance with the results of our 
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Fic. 10. Vibration curve for the mass M. + =period of the 
motive force, to = 27 = period of the subharmonic. 


theoretical considerations. It was thus found 
with certainty that the subharmonics did not 
occur until the amplitude of the motive force 
had reached a critical value which increased with 
increasing damping. The rise of the subharmonic 
is the more rapid the more we get above the 
critical value; where the transcendence is but 
slight the rise of the subharmonics takes place 
very slowly. Finally, vibration curves for the 
mass M were registered. An example is shown 
in Fig. 10. 

A Fourier-analysis was undertaken of this 
curve with the following result: 


x= 1.02 sin wi+0.42 sin 2wt 
+0.01 sin"3wi+0.00 sinz4 wt 
(4.04) 
— (0.03 cos wi+0.02 cos 2wi 
— 0.02 cos 3wt+0.01 cos 4wt, 


where 2w= 27/7. We thus get with good approx- 


imation: 


x=1.02 sin wi+0.42 sin 2wt. (4.05) 


The time is here reckoned from the point 0. 
If instead we reckon it from the point 0’ we get: 


x=1.02 cos wt’ —0.42 sin 2wt’, (4.06) 


while the vibromotoric force was 


Fo(i+gix)-sin 2wt’. 


As it will be seen this result agrees with the 
Eq. (3.22) (for g, negative) previously arrived at 
theoretically. 

Later on we found that the phenomenon of 
the subharmonic may also occur in an electric 
oscillating circuit connected up with a thermionic 
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tube as a modulator of the voltage, and as the 
conditions here might be expected to be better 
suited for purely quantitative investigations, 
further measurements with the mechanical sys- 
tem were given up for the benefit of the electrical. 

An easy experiment for the purpose of demon- 
strating the occurrence of the subharmonic may 
be carried out by the means of a tuning fork 
and a telephone receiver without its diaphragm; 
the tuning fork is fixed in the place of the dia- 
phragm at a distance of about 1 mm from the 
pole pieces of the telephone. If we now feed the 
telephone by a comparatively strong a.c. from 
a tube generator with a frequency twice that of 
the tuning fork, this will be set in violent vibra- 
tions at its natural frequency. This experiment 
is most illustrating on account of the exceedingly 
violent vibrations of the tuning fork. 


Electrical systems 


In an electrical system as the one shown in 
Fig. 11 a second subharmonic, i.e., oscillations 
with a frequency one-half that of the forced 
oscillation may occur in the circuit LCRr, 
provided certain conditions have been satisfied. 
The reason is simply that the differential equa- 
tion of this electrical system has the form (3.31). 
In other words, we have a circuit with a variable 
stiffness (capacity). This is easily proved in the 
following way: 

If we let g stand for the charge on the con- 
denser C, and 7, for the current in the plate 
circuit of the tube we have: 

d*q dq 1 

L—+(R+r)—+—¢q4+rig=Po sin 2wt (4.07) 

dt? dt C 


and tq 2hig/C+k2(q/C)?, (4.08) 


the latter provided there is a parabolic tube 
characteristic. As a consequence of these equa- 
tions we get: 
dq dq 
orn +aiqg)q=Po sin 2ut, 
, t 


dt 
(4.09) 
1+&ir kor 


and a,;=———,, 
c(i +kir) 


while Po is the amplitude of the e.m.f. induced 
by the generator. It is obvious that the Eq. (4.09) 
is fully analogous with the Eq. (3.31). The 





where K,= 





Fic. 11. The actual oscillating circuit is shown in heavy 
lines; the e.m.f. induced into the oscillating circuit by the 
generator Gis Po sin 2wt, 


condition for the possibility of a second sub- 
harmonic in a circuit of variable stiffness 
(capacity) reads (Eq. (3.40)): 

at(At+ Be) <[(1—#)'+4pee]/(3—28), 
If we compare the Eqs. (3.31) and (4.09) we 
immediately see that: 


(1) the resonance frequency of the system is 


Wo = ((1 +kir)/LC)i= wo’ (1 +kyr)}, 


where wo’ =1/(LC)} 
(4.10) 
(2) P= w?/w?=wLC/(1+kir), 
(3) po=(R+1r)/2Lwo, 
(4) a? =kor/(1 +kir)C. 


Further we have 
V,?2 2(1/C?)(A2?+ B.’), (4.11) 


where IV’, is the amplitude of the voltage on the 
condenser C. In the present case the harmonics 
are insignificant as compared with the funda- 
mental frequency. Consequently we find the 
following condition for the occurrence of a second 
subharmonic in the circuit LCRr: 





] ee = | 0 _ 


(1—#)*4+4pe%# 71 thar)? 
(—“). a. 
3-22 Ror 


The presupposition for the correctness of this 
condition is primarily that a;?(A.?+B,?)<1 or 
that (see (4.10) and (4.11)) 


Vin2<((1+kir) /ker)?. (4.13) 


The constants wo, Po, ki and ke of the Eq. (8.11) 
were determined through a series of measure- 
ments on the actual arrangement shown in Fig. 11. 

The resonance frequency was determined by 
means of a bridge giving an uncertainty of about 
1 percent. With the tube in function we found 
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w= 10,510, while the resonance frequency of the 
circuit LCRr was ’= 10,020 when the tube was 
inactive. wy and wo’ are determining for the tube 
constant ; in that 


1 +kyr= wo?/ wo” = 1.102, 


where r= 100.3 ohms. We thus find k;= 1.02-10-% 
amp./volts. 

The effective resistance of the system -at the 
frequency wo= 10,510 was determined by meas- 
uring the resonance voltage across the condenser 
C with and without a known resistance put in 
series with r. The measurements were undertaken 
by means of a no-loss tube voltmeter. 

As the average of 5 measurements the total 
resistance R+ 7 (+ asmaller addition on account 
of the grid-leak resistance R,) was found to be 
346 ohms. We therefore have: 


po=(R+n)/2woL =1.64-10-%. (L=1.0 henry.) 


The uncertainty of this determination was about 
} percent. 

Finally the mutual conductance S of the tube 
used was determined by bridge measurement as 
function of the grid potential. The curve thus 
found proved to be rectilinear within a range 
sufficiently large to render the approximation 
(4.08) permissible for the grid potentials in ques- 
tion. Measurements on the curve gave for the 
selected working point of the tube k;=1.0-10-* 
amp./volts and ke=0.88-10-* amp./volts?, 


(Ro= , ’ aS/ 0e,). 


The value found for k; agrees well with the 
one stated above. The uncertainty with regard 
to the value of ke is relatively large, about 1 
percent, particularly because k. varies slightly 
with the amplitude of the a.c. potential on the 
grid. For further verification ks was also deter- 
mined by measuring the rectified anode current 
as function of the a.c. grid potential. This meas- 
urement, however, also gave us ko=0.88-10-+. 
The conditional Eq. (4.12) of the system in 
question then reads 


—_—* (1—£)2+2.69-10-4 


3-22 





-1.57-104. (4.14) 


(f= w/wo, Where wo= 10,510 sec.~') 
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Fic. 12. Curve I shows the relations between V2 and ¢ 
as given by (4.14). The small circles are the values meas- 
ured. 


In Fig. 12 is shown V,? as a function of the 
usual “detuning” (£?— £9?) /£? where = 1 (curve 
I). Curve II shows the dependence found by 
direct measurements on the system; the small 
circles denote the values experimentally found. 

The occurrence of the subharmonic was ascer- 
tained by means of a telephone 7 connected 
with a coil loosely coupled to the oscillating 
circuit. 

The two curves show a conformity between 
experiment and theory which must be considered 
wholly satisfactory, particularly in view of the 
comparatively great uncertainty in the determi- 
nation of the tube constant ke. 

The assumption (4.13) 


Voe<((1+ir)/ker)? = 1.57-104 


is at any rate fully satisfied since for the curve 
in question we get V?<40. 

As previously shown second subharmonics 
may also occur under certain conditions in a 
system the movements of which are determined 
by a differential equation of the form: 


mod?x/dt?+redx/dt+ sox 
= Fo(1+gix) sin 2wt. (4.15) 
The condition (3.30) for such subharmonics read: 
he=(1—#)?+4 pre, (4.16) 


and for é=1: 


Here we have 
ho= 21 F o/2mowe? while pPo= ro/2mowo. 


Fig. 13 shows an electrical system, the be- 
havior of which with some approximation is 
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Fic. 13. The oscillating circuit proper shown in heavy 
lines. The arrangement shown relates to a “ variable ampli- 
tude of force.”’ 


expressed in the Eq. (4.15). If we let q stand 
for the charge on the condenser C, and 7, for 
the current in the plate circuit of the tube, 
assuming the resistance r to be small compared 
with the internal resistance R; of the tube, and 
supposing the lumped characteristics for the 
range in question to be parabolic, we have 


d*q dq 1 
- (4.18) 
( 


L—+(R+r)—+—¢4t+ria= Pr» sin 2, 
: 


dt? 


i= hi(—+-Pa sin 2ut) 
C pu 


9 


a . 
+h(—+-P, sin 2a) , (4.19) 
a 


or by insertion and contraction 


Ld*q/d?+(R+ 1r)dq/dt+ Ki(1+Keq)q 














= P,,/(1+¢1q) sin 2wt+ K3P,2 sin? 2wt, (4.20) 
where 
1+kir Ror 
lacesiaaabaiac ’ K,=—— ’ 
c (1+kir)C 
kur 2ke kor 
Pn’! =—P nm, 2,;= ; and K;= ° 
be RC we 


As shown by a closer investigation the terms 
containing Ky and Ks; are very small—at any 
rate for the values of Kz and K3 which were used 
during the experiments, and finally none of 
these terms introduce a motive force with the 
angular frequency w. In the first approximation 
we need therefore not consider these two terms. 
By comparing the Eqs. (4.15) and (4.20) with 
one another it is easily seen that the condition 
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(4.17) for the electrical system is 


R+ru fC A 
Pater ws, eS ~(—(1-+80 ). 


r ko 


“ 


(4.21) 


It should be remembered that (4.20) only applies 
for w=wo. For the selected working point of the 
tube in the present case the tube constants were 


k,= 1.44-10-% amp. /volt 
and 
ko=0.67-10~4 amp./volt?, 


while the magnification factor was found to be 
u=9.2. The internal resistance of the tube jis 
consequently R;= 6400 ohms. 

The effective resistance R of the oscillating 
circuit LCR (r=0) with the grid-leak R, and 
grid-condenser C; in parallel was determined by 
measuring the resonance current of the circuit 
for different values of 7, in exactly the same way 
as described in the above-mentioned experiment. 
As mean value we found R= 198 ohms. 

As in the previous experiment the source of 
the a.c. was a heterodyne generator with a purely 
sinusoidal voltage. Its impedance is very nearly 
ohmic and is approximately 150 ohms, i.e., <R;. 
The critical voltage P»,9 was measured by 
means of a tube voltmeter across the terminals 
of the generator. 

The results of a few of these experiments are 
shown in Table I and the conformity between 
the values calculated and those measured may 
be said to be completely satisfactory considering 
the difficulties encountered in these measure- 
ments. 

These experiments have thus fully confirmed 
the correctness of the theory. 


5. FURTHER CONSIDERATIONS OF EQ. (3.09) 
The Eq. (3.09) may be written 
d?x/dt?+2ydx/dt+ wo?(1—2ho sin 2wt)x 


=Gy sin 2wt, (5.01) 


where 


ho = 21Go/2u0?. (5.02) 


The Eq. (5.01) is linear and its periodical 


TABLE I. 
r Pm,o calculated Pro measured 
200 33.9 volts 30.8 volts 
300 29.8 26.8 
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solution or solutions must be considered as 
consisting of two parts x; and x, x being a 
periodical solution of 


d2x,/d+2ydx;/dt 


+ w,7(1 — 2ho sin 2wt)x, = Q, (5.03) 


and x2 being a periodical solution of (5.01). 
Possibly the only periodical solution of (5.03) 
may be 1,=0, but we will try to ascertain other 
periodical solutions of this equation. In order to 
do that we insert in (5.03) the series (3.07) and 
using the abbreviations in (3.08) we get the 
following two systems of equations for the 
determination of the coefficients: 


5 Bo— hoz 2 =0, 
(1 _ 42)Ao —4poEBs —ho( Bo- Bs) => Q, 


(1— 4£) Bot4potA2—lioAs =0, (5.04) 
(1-162) A4—8po&Bs—ho( B2— Bg) =0, 
(1— 162?) Bs + 8po&A 4 +ho(A2—Ag) =0, 
and 
(1— £)A,—2potB,—ho(B,;— Bs) =0, 
(1— €)By+2po€A1—ho(Ai1+A;3) =0, 
(5.05) 


(1 —9#)A 3— OpovEB3— hio( By sits B;) =(0, 
(1 —9£) Bst+O6pogA stho(A 1—A;) =0, 


The two sets of equations, (5.04) and (5.05), 
are independent of each other and both are 
linear and homogeneous in the coefficients (A, B), 
the set (5.04) containing coefficients with even 
indices only and the set (5.05) with odd indices 
only. The two sets of equations are therefore 
identically satisfied by putting all coefficients A 
and B equal to zero, and they will only have 
finite solutions if their determinants, Dy and D,, 
are equal to zero. 

Suppose the damping of the system and the 
amplitude of the ‘“‘motive force’’ are both suff- 
ciently small, we will then have po<1 and 
'o| <1. In this case the values of the coefficients 
will evidently decrease with increasing indices. 
If we cancel all coefficients with indices higher 
than 2 in (5.04) and (5.05) the two determinants 
are reduced to 
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Do= (1-48)? —2(ho? +207) (1 — 42) 
+4p,?= ’ 
D,= (1 a &)?+ 4,7? —h,?=0. 


(5.06) 
(5.07) 


and 


It is, however, not possible to satisfy (5.06) 
and (5.07) for the same values of the parameters 
£, po and hy. In order to prove this we need only 
solve the two equations. 

From (5.07) we get 

1 ‘ie 2 = 2pP+t[ he? —4p,/7(1 — po?) }}, (5.08) 
and for D,=0 we must therefore have 
and |1—£|<1. 


ho =4p,7(1 — po’) (5.09) 


On the other hand, the solution of (5.06) is 


1-42 =he+2pP+[ (her+2po?)?—Ape? }!, (5.10) 
and for Dp=0 we must therefore have 
4pP= (he? +2 po")? and | 1 —4¢| <1. (5.11) 


From (5.09) and (5.11) it is evident that Do 
and D,; cannot both be equal to zero for the 
same values of the parameters of the system. 

It appears from (5.08-9) that for 1—#=2p,? 
the system will either remain at rest or possibly 
execute some non-periodical oscillation until the 
motive force has reached such a value that 
he?=4per(1—po?), or very nearly until | g:Go! 
= 2woro/mo. For this or greater values of | g:Go! 
it may, for such values of the parameters which 
satisfy the equation D,=0, begin to oscillate 
with the angular frequency w, x, being deter- 
mined by 


x,=A,sin w+ B, cos wt, (§.12) 
where 


B,/A,=(2poE—ho)/(1— #2), (5.13) 


while the value of A; is undetermined. This, 
however, holds good only for small values of the 
parameters po and ho. As the parameter ho 
increases the motion of the system may not with 
satisfactory approximation be determined by the 
two first equations of (5.05), it will then be 
necessary to retain more equations in (5.05) and 
the corresponding determinant must be equal to 
zero for such values of the parameters which 
will allow the system to perform a_ periodic 
oscillation. 

If 1—42=2p2+h? the system will according 
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Fic. 14. Amplitudes of possible periodic oscillation of the system (5.03) for 1-—2=22p.°1. 
x) =A, sin wt+B, cos wt+.13 sin 3wt+B; cos 3wit---. 
Fic. 15. Amplitudes of possible periodic oscillations of the system (5.03) for 1-42? =/y?+2p2K1. 
x1 =3Bo+Ay2 sin 2wit+ Bs cos 2wt+A4 sin 4ot+B,cos 4wi+-++. 


to (5.10) remain at rest!® until (/o?+ 2p,?)?= 4p?. 
For greater values of |g:Go| it may, for such 
values of the parameters which satisfy the 
equation D)=0, begin to oscillate with the 
angular frequency 2w, x; being determined by 


x1=3Bo+Ae sin 2wi+ Be cos 2wt, (5.14) 


B, (1—4#)?—2h,? 
where — =——_—_—_———_ 


and Bo=2hoAo, 
A» A pot 


while the value of Ag is arbitrary. 

But this also is only true as long as the 
parameters fp) and / are sufficiently small. 
Otherwise we must retain more equations in 
(5.04) and put the corresponding determinant 
equal to zero. 

The system will thus always remain at rest! 
until | g;Go| has reached acertain value depending 
upon the parameters of the system. If | g:G)! 
exceeds this critical value the system may ac- 
cording to the values of the parameters either 
oscillate with the angular frequency w or with 
the angular frequency 2w. For sufficiently great 
values of |g,:Go| the higher harmonics will also 
appear, in the first case the harmonics with the 
frequencies 3w, 5w, --- in the second 4w, 6w, -- 

The periodic movements of a system character- 
ized by the Eq. (5.03) may therefore be repre- 
sented schematically by either Fig. 14 or 15. 

It is evident that neither of the two periodical 
solutions (5.12) or (5.14) is in agreement with 
the experimental facts concerning the appearance 
of subharmonics. These subharmonics, therefore, 
cannot be explained on the basis of Eq. (5.03). 


45 Or the movement of the system may possibly be non- 
periodic. 


As proved in Section 3 a periodic solution 
Ag sin 2wi+Ay, sin 4wl 
+A, sin 6wi+--- 
+3Bot+ Be cos 2wi+ By cos 4wt 
+B, cos 6wi+--- 


x= Xo= 


(5.15) 


of (5.01), obtained from the Eqs. (5.04) in which 
the second equation has been altered to 


(1 —4£)A.—4poEBo—ho( Bo— Bs) = Go/ wo’, (5.16) 


added to the periodical solution (5.12) corre- 
sponds to subharmonics of the observed char- 
acter. 

The solution (5.15) and (5.14) cannot, how- 
ever, be added, since the solution (5.14) is only 
possible, when the determinant of the Eqs. 
(5.04) is equal to zero, and in that case the 
solution of (5.04) and (5.16) will not be periodical 
but tend to increase infinitely. 

The Eq. (5.03) is linear and is often called a 
Mathieu equation and for a further discussion 
of such equations we may refer to the theory of 
Mathieu functions.'® 

The equations in which one or more of the 
parameters m, 7, and s in Eq. (3.01) depend 
upon the displacement or in which 


F= F\(1+gx+gx?+---), 


are not linear. 

With regard to further possibilities for ex- 
plaining the observed subharmonics we must 
refer the reader to ‘A 35.”’ 


16 See, for instance, Whittaker and Watson, Modern 
Analysis. 
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Acoustical Society News 


HE Society meeting in New York, April talking pictures, Mr. Knox presented an un- 
29-30, was held at the Roosevelt Hotel, usually interesting series of talking picture 
with almost 150 in attendance. The program and demonstrations. 
arrangements were effectively handled by Mr. The new officers elected are as follows: Presi- 
S. K. Wolf, Chairman of the Program Commit- dent, P. E. Sabine; Vice President, R. F. Norris; 
tee. Thirty-three papers were included in the Secretary, Wallace Waterfall; Treasurer, G. T. 
program, printed elsewhere in this issue. On Stanton. Councillors to succeed F. A. Saunders 
Monday evening the Society dinner was well at- and F. A. Firestone are: A. T. Jones and Harvey 
tended. After the dinner the Society listened toa C. Hayes. 
Demonstration Lecture at the Bell Telephone The next meeting of the Society will be held at 
Laboratories, delivered by Mr. H. G. Knox on Harvard University, Cambridge, Mass., Decem- 
“The Story of Talking Pictures.’”’ In addition to ber 6-7. Professor F. A. Saunders of Harvard Uni- 
an instructive account of the development of versity is Chairman of the Program Committee. 





Book Reviews 


’) Sound (2nd Ed.). E. G. RicHarpson. Pp. 319, This book is an elementary discussion of the 
Arnold and Company, 1935. Price $5.50. purpose, action, construction and operation of a 
This second edition of the book, as in the first loud speaker. The book deals briefly with the 
ch edition which was published in 1927, has as its following subjects: the function of a loud speaker; 
purpose an exposition of recent experimental and reed and armature driving mechanisms; horn- 
applied acoustics. Mathematical theory, includ- less moving coil, Blatthaller, horn type moving 
6) ing calculus methods, is minimized, but is given _ coil, directional baffle and condenser loud speak- 
" in sufficient detail to enable the physical concep- ers; baffles and horns; magnetic structures; 
w. tions to be followed. References are given for the behavior and characteristics of diaphragms; 
important researches and for a large number of power vacuum tube circuits for loud speakers; 
ws minor articles. Dr. Richardson’s investigations 99m effects in sound reproduction; distortion; 
ly allow him to offer competent opinions on the — recent developments. 
s. subjects selected, particularly in the theory and 


In the words of the author ‘‘No special knowl- 


erformance of musical instruments, about which ; 5 Sapa 
he P : edge is required to understand the text, which is 


he has written a separate book: Acoustics of 


al devoid of mathematics and intricate technical 
Orchestral Instruments. ell Chie Mie he head h 

. There are thirteen chapters in the book: the we - , ” “i ableadliier vets 2 ore Saal 

- first five deal with general principles of sound and WeceINCeny tianed person: Matereewd im coum 


of the vibration of solids; the next four chapters reproduction. For those who wish to pursue 


give discussions of sound in air and allied prob- portions or all of the subject further, the value of 
lems, while the last three chapters appear as new _ the book is considerably decreased by the rather 


J material in the second edition and set forth the incomplete references to published works. 
modern progress in acoustic impedance, super- In summary, this book gives those interested 
sonics and subjective sound. in the general subject of sound reproduction a 
The book is a praiseworthy contribution and ponmathematical exposition and description of 
will stimulate further progress in acoustics. loud speakers and their function together with 
i F. R. Watson subjects directly allied with the performance of 
st University of Illinois these instruments. 
Elements of Loud Speaker Practice. N. W. HARRY F. OLsoNn 
- McLacui_an. Pp. 160. Oxford University RCA Manufacturing Co. Inc. 
Press, 1934. Camden, New Jersey 
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Program of the Thirteenth Meeting of the Acoustical Society of America 


Aprit 29-30, 1935 
Hotel Roosevelt, New York, New York 


Mownpay, APRIL 29, 1935, 9:30 A.M. 


SYMPOSIUM ON 


1. Method for Measuring Sound Isolation, in Particular 
of Impact Sound. F. M. Osswa.p, Head of the Acoustical 
Institute at the Eidgendssische Technische Hochschule, 
Zurich, Switzerland. (20 minutes). (Read by title). 

A clear definition of impact sound isolation is the follow- 
ing: On the upper surface of, for instance, a finished floor, 
a pounding action is applied whose mechanical work is 
known in centimeter-grams; in the room below one meas- 
ures the air-borne loudness in the level of the head which 
is produced by the impact-pounder above. The sound 
source produces successive cycles of blows of stepwise 
increasing and decreasing intensity, between a minimum 
and a maximum, for instance 0,1 and 1000 cm g, which 
range has been found sufficient for practically all impact 
sound tests in buildings. The pounding work of the steps 
is calibrated, and the source is driven by an insulated motor 
so that only the blows of the hammer enter the surface 
to be tested. By counting the number of the blows heard 
through the isolating member one can readily take from 
the calibration curve, how many cm g blow-work is 
necessary to produce in the lower room a certain loudness. 
The loudness can be measured by means of any high speed 
level meter or, in practice, by the ear, when the noise level 
in the observing room has been determined. Since the 
sound source works automatically, and without attendance, 
such measurements are quite impartial, and can be ob- 
served simultaneously by a number of—even untrained— 
persons. The agreement of the counting of the blows heard 
is remarkably accurate, and the blows are heard without 
difficulty to stand out against extraneous disturbing noises. 
An interesting fact is embodied in this system of counting, 
that the difference of reaction of the ear of increasing and 
decreasing intensities is embraced. 

By letting the hammer of the pounding source act on an 
insulated sound radiator, the source is likewise suitable for 
measuring the drop of intensity of air-borne sound by 
distance, for instance in corridors, staircases, ventilating 
ducts. The sound-radiator has dominating frequencies 
between 500 and 1500 d.v. and a high decrement of radi- 
ation. 

Other methods of producing impact sound have been 
tried: reciprocating dragging of weighed plates, scraping 
and the like, but hammer-blows have been found most 
suitable. The hammer-head is a steel ball 11 mm diameter. 


2. Sound Insulating Properties of Certain Building 
Materials. Joun S. PARKINSON, Johns-Manville Research 
Laboratories. (20 minutes). 

Transmission loss data obtained in the Johns-Manville 
Laboratories on various building constructions are re- 
ported. Almost all this data has been obtained on “room 
size’’ floors and partitions. The relation between such tests 
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and “panel” tests is given where data is available. Detailed 
studies of the vibrational properties of various construc- 
tions are also reported which show the response charac- 
teristics at various frequencies, the degree of structural 
isolation obtained in various double constructions, the 
relative importance of damping, etc. 


3. Sound Control and Isolation in the Design of Broad- 
cast Studios. G. M. Nixon, National Broadcasting Com- 
pany. (20 minutes). 

The paper contains a discussion of the necessity for 
making relatively elaborate provisions for sound control 
and isolation of broadcast studios, particularly studio 
groups as large and complex as the NBC studios at Radio 
City. A description is given of the methods of isolating a 
studio from those adjacent and also from surrounding 
spaces; of sound control and isolation details of windows, 
doorways, vestibules, foyers, corridors, electric light and 
power wiring, and the installation of isolating partitions. 
The paper also contains a discussion of the control of 
noise in an air conditioning system; layout and isolation 
of duct work; choice of sound absorbing material and 
manner of installation in duct work; design and choice of 
air velocities in supply and return outlets; and isolation 
of rotating machinery. A discussion is also given of anti- 
cipated noise levels and those obtaining after the com- 
pletion of the installation. 


4. Airplane Acoustics. STEPHEN J. ZAND, Sperry Gyro- 
scope Company, Inc. (15 minutes). 

Consideration is given to certain acoustical factors that 
have been heretofore underestimated by the acoustic en- 
gineer in the design of quiet commercial airplanes. The 
importance of proper structural preparation of an airplane 
to permit the application of efficient acoustic treatment is 
stressed. Recent experience in acoustical treatment of 
airplanes of French and Italian design is discussed. 


5. Practical Airplane Quieting. R. F. Norris, Burgess 
Laboratories. (15 minutes). 

The noise problem as found in an actual plane is stated, 
the method of attack outlined, and the actual treatment 
described. Sound-level readings are given before and after 
remodeling and the results discussed. 


6. Transmission of Plane Sound Waves Through Mul- 
tiple Partitions. A. L. KImBALL, General Electric Company. 
(20 minutes). 

The transmission ratio, and thus the transmission loss 
in decibels, has been determined from a theoretical con- 
sideration of this problem, based on certain simplifying 
assumptions such as zero stiffness compared with mass, an 
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air layer between partitions small compared with the 
wavelength, etc. Three cases in particular are considered, 
the transmission loss being expressed as a function of 
wavelength of sound, weight per square foot of partitions, 
and distance between them: (1) Double partition wall; 
(2) Single wall (noting check with previous work); (3) 
Double partition and single partition loosely fixed to 
vibrating surface as a means of reducing sound radiation 
from that surface. Certain limitations of the theory are 
explained briefly. 
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7. Transmission of Sound Through Multiple Walls. 
D. FaGGiani, R. Scuola d’ Ingegneria, Milano, Italy. (10 
minutes). (Read by W. J. Sette.) 

A simplified treatment of the transmission of sound 
through multiple partitions is presented. On the basis of 
several assumptions concerning the nature of such struc- 
tures an equation is derived expressing their acoustic 
transmission loss. According to this simplified treatment, 
the reduction caused by multiple structures is always less 
than the sum of the losses of the individual components. 


Monpay, AprIL 29, 1935, 2:00 p.m. 


g. Loudness Level Contours and Intensity Discrimina- 
tion of Ears with Raised Auditory Thresholds. Scort N. 
REGER, State University of Iowa. (10 minutes). 

Equal loudness level contours over the frequency range 
from 1000 to 4000 cycles are practically parallel with the 
threshold level in ‘‘normal” ears. Equal loudness level 
contours do not display any such “parallelism” with the 
threshold value of ears with approximately normal 
thresholds at, e.g., 2000 cycles but with markedly raised 
thresholds at 4000 cycles. A study of 15 persons with this 
type of hearing showed that if an individual had a 10 db 
loss at 2000 cycles and a 60 db loss at 4000 cycles, he would 
judge a 4000 cycle tone 10 db above his threshold equally 
loud as a 2000 cycle tone approximately 40 db above his 
threshold. Intensity discrimination studies showed that 
ears with raised auditory thresholds also could detect 
smaller increments in intensity than the normal ear at 
intensity levels the same number of db above the thresholds 
of each. The above findings are discussed in relation to the 
perception of speech and music—particularly amplified 
speech in headphones—by individuals with raised auditory 
thresholds. 


9. On the Auditory Sensitivity of Animals Relative to 
Man. JOHN C. STEINBERG, Bell Telephone Laboratories, 
Inc. (10 minutes). 

This note abstracts from recent literature a comparison 
of the auditory sensitivity of four different animals—the 
chimpanzee, the monkey, the cat, and the guinea pig—as 
obtained recently by four different experimenters using four 
different methods, with that of man. The work represents 
painstaking attempts at a quantitative determination of 
animal sensitivity. The data indicate that for tones of 
frequency of 1000 cycles or less the auditory sensitivity of 
the animals did not differ significantly from that of man. 
The cat and the guinea pig appear significantly less 
sensitive than man for tones of 4000 cycles and higher. 
For tones of 8000 cycles and higher, the monkey and the 
chimpanzee appear more sensitive than man. 


10. Apparent Duration of Sound Perception. SAMUEL 
Lirsuitz, Institute of Architecture, Moscow, U.S.S.R. (10 
minutes). (Read by W. A. MacNair.) 

With the aid of a vacuum tube “impulsator” the limits 
for which the integral law of apparent duration holds true, 
were determined; they are expressed by the value 
Su log Idt, for the extent of the apparent duration. 


Experiments with different impulses of tones of 1000 
vib./sec., showed that the law holds true for limits of from 
2 to 50 units of apparent duration. As a unit of apparent 
duration we take the apparent duration of a pure, constant 
tone which has sounded for one second at a loudness level 
of 1 db. Further experiments with tones of 50, 100, 500, 
1000, 2000 and 4000 vib./sec. showed that the integral of 
apparent duration holds true for these tones and does not 
depend on the frequency of the tone. The musical optimum 
of reverberation corresponds to 37 units of apparent 
duration. As a result of the limits determined as indicated 
above, we can consider that the integral law of apparent 
duration in its unvaried form is applicable for the deter- 
mination of the musical optimum of reverberation for halls ° 
up to 80,000 cu. m in volume. 


11. Distribution of Peak and Root-Mean-Square 
Pressures in Conversational Speech. H. K. DUNN AND 
S. D. Wuite, Bell Telephone Laboratories, Inc. (15 minutes). 

Measurements made on conversational English speech 
are described, using the voices of six men and five women. 
Both peak and r.m.s. pressures are given, as measured in 
one-eighth-second intervals, and in twelve different bands 
of frequencies throughout the voice range. From these data 
other quantities are derived, including the frequency dis- 
tribution of speech power in long intervals, and the total 
average voice power. The measurements being made at a 
distance of twelve inches from the lips, other tests on a 
single voice show how the speech characteristics change in 
going to greater and smaller distances. 


12. Relating to the Physics of Speech Sounds. F. TreN- 
DELENBURG (E. Franz, Collaborator), Berlin-Siemensstadt, 
Germany. (10 minutes). (Read by J. C. Steinberg.) 

It is difficult to find the composition of sounds which are 
aperiodic, especially those that changerapidly with time, such 
as those which occur frequently in spoken sounds. The meth- 
ods of automatic electrical analysis cannot easily be used 
because they require too much time. Fourier-analysis by 
graphical and mechanical means cannot be recommended 
since too many single analyses have to be carried out in 
aperiodic occurrences. One obtains a very graphic picture of 
the time function of the sound composition by taking oscil- 
lograms of the single octaves of the sounds by use of band 
pass filters. The paper reports the results of such oscillogra- 
phic analyses of speech sounds. The oscillograms obtained 
make it easy to recognize by inspection the various har- 
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monic and nonharmonic components of speech sounds. 
From the photographs, conclusions are drawn with regard 
to the theory of voice. 


13. Vocal Resonators. Don Lewis, State University of 
Iowa. (10 minutes). 

A new procedure has been formulated and used to deter- 
mine the nature of vocal resonators. The procedure, which 
is based upon the harmonic analysis of selected waves 
within a vibrato cycle of a sung tone, involves the following 
assumptions: (1) That during a sustained vowel produced 
by a good singer, the sound source remains essentially 
constant except for frequency variations (the vibrato); 
(2) that a good singer can hold his resonators essentially 
constant during the production of a sustained vowel. With 
changes in the fundamental frequency that typify the 
vibrato, the frequencies of the overtones naturally vary— 
by rather large amounts in the case of the higher overtones. 
For example, if tones near G,; (98 d.v./sec.) are used and if 
there is a vibrato of something over a semi-tone in extent, 
the overtones around the typical resonance regions for the 
vowel “ah” will change enough in frequency to cause them 
practically to overlap. The effects of the resonators on 
these shifting overtones are revealed by harmonic analysis. 
Instead of more or less isolated ordinates found in the 
common acoustic spectrum, many ordinates appear within 
fairly wide frequency bands. The data make it possible to 
draw inferences about the nature of the ‘“vocal-cord 
spectrum” and to offer what seem to be fairly accurate 
descriptions of the resonators. 


14. An Analysis of Some Artistic Elements in Singing. 
Haro_tp G. SEASHORE, State University of Iowa. (10 
minutes). 

A skeletal job-analysis is presented of the content of a 
scientific esthetics as applied to singing with tentative 
formulation of some laws of artistry in intonation, rhythm, 
phrasing, dynamics and tone quality, determined from 
objective measurements of the performances of accepted 
artists. 


15. The Dramatic Use of Controlled Sound. HAro_p 
Burris-MEYER, Stevens Institute of Technology. (10 
minutes). 

The play stimulates audience response via the organs of 
sight and hearing. Everything which one sees in the 
theatre is conditioned by light which is carefully controlled 
for the purpose of providing visibility, establishing mood 
and atmosphere, and for use as an independent abstract 
artistic medium. What the audience hears, however, is up 
to the present time controlled by and limited by the 
human voice, the architecture of the theatre, musical 
instruments, eleventh century sound-producing apparatus, 
and, in a few cases, a public address system. It has been 
the purpose of the writer and his associates to control 
sound in the theatre as simply and effectively as light is 
controlled and to use it for audibility, the creation of 
mood and atmosphere, and as an independent artistic 
medium. To that end all the sound in the theatre is within 
certain limitations isolated at its source, carried over a 
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switchboard similar to the switchboard used to contro] 
light and reproduced for the audience in such a manner ag 
will best fulfill the artistic demands of the play. To carry 
out this purpose it is necessary to be able to produce in the 
theatre any sound from any source so that the audience 
will hear it from any apparent source, from a moving source 
or from no apparent source, at any intensity and with any 
predetermined characteristics such as pitch, quality, ete. 
Apparatus designed to fulfill the requirements listed has 
made it possible to increase the dramatic effectiveness of 
many plays already written and has increased the range 
of possibilities for the playwright. The application of the 
technique developed in the Stevens Theatre is discussed 
with respect to a number of specific plays in which the 
technique has been used. Projects for future research and 
the possibilities for commercial exploitation of the tech- 
nique are discussed. 


16. Preliminary Study of the Vibrations of a Violin. 
F. A. SAunDERS AND H. H. HAtt, Harvard University. (15 
minutes). 

It is well known that the vibrations of a violin are 
produced by those of the string, transmitted through the 
bridge, but that what we hear comes mainly from the top 
and back of the body, and from the enclosed air mass 
through the f-holes. The resonant pitches of the body and 
of the air column are examined by a method due to Raman. 
With an automatic player which produces a steady tone 
the least weight needed to make the instrument “speak” 
properly has been measured at each frequency. A curve of 
these weights drawn against the frequency discloses the 
resonant frequencies. A simple method is described whereby 
the main air-mass frequency can be distinguished from 
that of the body. The effect of the resonant pitches on the 
tone quality is briefly discussed, with reference to a few 
analyses obtained with the analyzer described at this 
meeting. Loading the bridge is shown to affect some of 
these resonant points; also the tension to which the whole 
instrument is subjected by the strings. Variations of the 
sound energy emitted in a definite direction with bow 
pressure, speed and distance from the bridge are given by 
graphs. 


17. A Mechanical Bower for Violins. R. B. Apsort, 
Purdue University. (10 minutes). 

A mechanical violin bower, giving a constant and con- 
tinuous tone as required for recording by a crystal analyzer 
and sound level recorder, was made and used for measuring 
the “response” from violins. The report on response 
measurements was given at the Pittsburgh meeting. This 
report deals only with the mechanical bower. The bow, as 
now made, is composed of fine silk strands, loosely spun, 
and treated with a quick hardening lacquer. This hair-like 
thread is wound around two grooved pulleys many times, 
and the two ends are fastened together to form one con- 
tinuous thread. Fine-toothed guides placed in front of the 
pulleys keep each strand in its proper place, and form a 
flat belt which performs like a regular violin bow. By a 
proper mounting of this belt on a frame, and by having a 
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small motor to run it, the desired results are obtained. 
The frame holds a violin in the same manner as held by a 
violinist. A spring attached to the frame and violin support 
hold the pressure of the bow on the string at any desired 
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constant value. The speed of the bow is regulated by an 
adjustable friction gear. The silk thread bow produces 
tones free from scratching noises, and comparable to those 
produced by a horse-hair bow. 


Monpay, Aprit 29, 1935, 8:30 p.m. 


18. Demonstration Lecture. The Story of Talking Pictures. H. G. KNox, Vice President in Charge of Engineering 


of Electrical Research Products Inc. 
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SYMPOSIUM ON NOISE REDUCTION 


19. The Noise Problem in the Application of Fans. 
K. D. McManan, General Electric Company. (20 minutes). 

This paper stresses the noise elements in the application 
of fans, particularly those of the propeller type, where the 
apparatus must operate in quiet surroundings. The sources 
of such noise are divided into the inherent noise of the 
fan, and the five classes of noise which tend to modify this 
inherent noise as follows: (1) Noise increase due to im- 
proper flow conditions; (2) noise increase due to improper 
application or design of fan; (3) change of the inherent 
noise by other parts of the apparatus; (4) amplification by 
the fan of noise made by other parts of the apparatus; (5) 
noise increase due to improper mechanical design or con- 
struction. The inherent noise forms a base level for the 
required performance of a given design operating under the 
best possible conditions, and depends upon the static pres- 
sure against which the fan must operate. The first and 
second classes of noise result because of deviations from 
the best operating conditions. The third and fourth classes 
deal with the interrelation between the fan, its motor and 
the system in which it works. The result of the third class 
may either be an amplification or an absorption. The fifth 
class concerns mechanical vibrations usually in a form of 
resonance. Several illustrations are shown as practical 
examples of each class of noise. 


20. A Method of Studying the Vibration of Automobile 
Body Panels. P. O. YouNG AND J. S. PARKINSON, Johns- 
Manville Research Laboratories. (20 minutes). 

Since the body of an automobile is composed largely of 
extensive steel panels, free and ready to radiate as sound 
any vibration communicated to them, no method of auto- 
mobile quieting proves satisfactory until these panels are 
rendered ineffective as sound generators. In the work re- 
ported in this paper it has been recognized that such steel 
panels have two kinds of vibration communicated to them, 
continuous and intermittent. The paper discusses the 
development of a representative, duplicable, and precise 
test method for studying these effects. Certain general 
facts developed in these tests are discussed, with an outline 
of desirable future research in this field. 


21. The Motion of a Bar Vibrating in Flexure Including 
the Effects of Rotary and Lateral Inertia. W. P. Mason, 
Bell Telephone Laboratories, Inc. (20 minutes). 


A complete theoretical solution has been obtained for 
a bar vibrating in flexure taking account of rotary and 
lateral inertia. The solution shows that the frequency of a 
bar free to vibrate on both ends is asymptotic to the fre- 
quency given by the usual solution, neglecting rotary 
inertia, when the ratio of width to length is small, and 
approaches the frequency of a bar in longitudinal vibration 
when the width becomes comparable to the length. The 
theoretical frequencies have been compared with the 
published results of Harrison (I. R. E., Dec. 1927) on the 
frequency of a quartz crystal vibrating in flexure and have: 
been found to agree within one percent for the first flexural 
mode for a crystal whose width is less than half its length. 
Measured values for the second flexural mode agree within 
about 5 percent with the calculated frequencies. 


22. Reducing Noise in Airplane Sound Locators. FRANK 
R. House, Sperry Gyroscope Company, Inc. (25 minutes). 

The maximum distance at which an airplane in flight 
may be detected by aural listening through sound locators 
has been found to depend on the ambient or masking noise 
level. Ambient noises and local disturbances which con- 
tribute to increase noise level at the listener’s ear were 
investigated. Contrast between ambient sound and that 
of the airplane, either as total sound or some part of the 
sound frequency spectrum, rather than degree of ampli- 
fication of the combined sound of the airplane and ambient 
through the sound receiver determines audibility. There 
are many disturbing elements which affect sound locator 
range. Some are generated within the sound locator re- 
ceiver and mounting structure. Their magnitude and effect 
increase the masking sound level at the listener’s ear and 
considerably reduce range. Soundproofing sound receivers, 
their mountings and cooperating units reduces the dis- 
turbance. The distortion of sound when amplified was 
studied. Since range was not dependent on amplification 
a smaller receiver was found to provide a more comfortable 
and less disturbing low frequency ambient sound level at 
the ear. Collectively, these have reduced the effective 
ambient level at the listener’s ear. Disturbances caused by 
inclement weather and specific local noise are insulated. 
Their tendency to raise the effective ambient is minimized 
and our effective average listening range is increased. 
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23. Noise Reduction Problems in Central Stations. J. F 
CELLERIER, Laboratoires de Essais Conservatoire, Paris, 
France. (20 minutes). 

Data are presented covering insulating materials, central 
station machinery noise characteristics and curves of 


sound transmission. 
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24. Sound Control in Air Conditioning Equipment, 
ANDRE MERLE, United Air Conditioning Corporation. (10 
minutes). (Read by title.) 

Sound control in air conditioning equipment today 
assumes an importance equal to that of temperature 
control. This paper describes some of the precautions re. 
quired in the design and installation of such systems. 


TueEspay, Aprit 30, 1935, 2:00 p.m. 


25. Acoustic Impedance of Small Orifices. L. J. Srvian, 
Bell Telephone Laboratories, Inc. (15 minutes). 

Data are presented giving the measured a.c. acoustic 
reactance and resistance for a number of circular orifices 
varying in diameter from 1 cm down to 0.034 cm, and for 
a rectangular orifice 1.9 cm X0.075 cm. The measurements 
were made for various particle velocities, the corresponding 
Reynolds numbers varying from 0.1 to 1000, roughly. 
The reactance is found substantially independent of the 
particle velocity; a formula for computing it is given. 
The resistance approaches a constant value as the velocity 
is sufficiently decreased; a formula for computing this 
“low velocity” resistance is given. At larger velocities the 
resistance increases with the velocity; a partial explanation 
is suggested. 


26. The Characteristics of Sound Transmission in 
Rooms. E. C. WENTE, Bell Telephone Laboratories, Inc. 
(10 minutes). 

By means of a high speed level recorder sound trans- 
mission vs. frequency characteristics have been measured 
between points in rooms having different acoustic char- 
acteristics. The measurements show that by a suitable 
choice of measuring conditions it is possible to determine 
not only frequency distortion and pressure levels at dif- 
ferent parts of an auditorium, but reverberation char- 
acteristics as well. 


27. Acoustical Planning of Catholic Churches. CHARLES 
MOLLER, Budapest, Hungary. (10 minutes). (Read by V. O. 
Knudsen.) 

Acoustical difficulties encountered in normal European 
Catholic churches are discussed relative to requirements 
for speech and music. Various methods for improving 
the conditions are suggested. These include the use of 
large glass screens partially separating the pulpit from the 
sanctuary, the use of large reflectors behind the pulpit, 
the introduction at will of variable acoustic absorption, 
and the modification of established architectural designs 
in building new churches. 


28. The Use of Loud Speakers in Groups. ERNsT 
PETZOLD, Zittau, Germany. (10 minutes). (Read by Irving 
Wolff.) 

The number and strength of loud speakers, their relative 
location, and the radiated sound spectrum must be ex- 
amined relative to acoustical principles. It follows that 
uniform distribution throughout a room is not only un- 
economical but does not lead to best audibility. In view of 
interfering sounds, formulae are developed allowing com- 


putation of the required number and strength of loud 
speakers and their most favorable location, and the in- 
tensity for each observer. It is further shown how the 
absorption in air is to be considered. Using different sound 
spectra in loud speakers, there arises a greater total 
loudness than would be computed on a straight energy 
basis. Very large auditoriums do not follow the generally 
accepted acoustical laws. Short examples show the prac- 
tical use of the formulae. 


29. Method for Very Rapid Analysis of Sounds. Erwin 
MeyER, Heinrich Hertz Institut, Berlin, Germany. (15 
minutes.) (Read by F. A. Firestone.) 

Sound analysis by a single band pass filter requires a 
considerable time, which is inversely proportional to the 
square of the frequency discrimination. Analyzers con- 
sisting of multiple resonators are cumbersome and do not 
cover a continuous frequency band. The paper describes 
a new method based on the dispersing properties of a 
diffraction grating analogous to those used in optical 
analysis and equivalent to an infinite number of resonators. 
The sound frequencies are modulated by a 40-kilocycle 
carrier, projected by a ribbon loudspeaker and reflected 
by a curved grating three meters long. The frequency 
discrimination thus attained equals that of a 125-cycle 
band selector; the theoretical speed of analysis approaches 
0.01 second, making it possible to obtain ‘moving pic- 
tures” of continuously changing sound spectra. 


30. Tests on a Recording Analyzer for the Audible Fre- 
quency Range. Harry H. Hatt, Harvard University. 
(15 minutes). 

The heterodyne analyzer which was described two years 
ago (J. A. S. A. 5, 62 (1933)) has been improved. Three 
analyzing speeds are provided which cover the range from 
50 to 10,000 cycles in 10, 6.61 and 3.78 seconds, respec- 
tively. The resolving power may be stated as follows: At 
all three speeds frequency components differing by 50 
cycles may be separated if they are of the same amplitude. 
At the medium speed, components differing by 120 cycles 
and by 20 decibels may be separated, while at the lower 
and higher speeds the resolution is correspondingly better 
and worse. Typical analyses of violin sounds, speech 
sounds, noise and various synthetic waves, designed to 
illustrate the performance of the instrument, are pre- 
sented. The filter employed is of the magnetostrictive type 
(Proc. I. R. E. 21, 1328 (1933)). It consists of two resonant 
elements coupled by a vacuum tube. Records of the 
response of one of these elements to an alternating driving 
force of varying frequency as it passes through the 
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t. resonance frequency of the element show the presence of 
0 fluctuations on the decay side as observed by Barrow, 
' Ann. d. Physik 11, 147 (1931) and by Shuck, Proc. I. R. E. 
'Y 22, 1295 (1934). In the response of the double filter, 
re however, these irregularities are largely averaged out. The 
id effect of imperfect matching of the resonance frequencies 


of the two elements, as well as the effects of damping and 
of the rate of frequency variation of the driving force, are 
shown and discussed. It is concluded that for a given rate 
of frequency variation there is a value of damping of the 


id resonant element which results in a response of minimum 
™ width. 

le 

id 31. Internal Dissipation in Solids for Small Cyclic 
al Strains. R. L. WeGet, Bell Telephone Laboratories, Inc. 
sy (10 minutes). 

ly When a solid body vibrates, the alternating strain within 
= it induces a correlated dissipation of energy resembling 


internal static or rubbing friction. No material is purely 
elastic. Elasticity must be regarded as having a phase 


- angle which varies little, or not at all, with frequency, 
15 and in metals is a small fraction of 1°. This friction intro- 
duces losses in acoustic apparatus in amounts depending 
. on design, and also on choice and heat treatment of ma- 
he terials. Taking metals as a class, this dissipation is gen- 
- erally least in light materials like aluminum and dura- 
ot lumin, and greatest in the heaviest substances like lead. 
- They may be varied by a factor of as much as 10 by heat 
. treatment. 
al 
- 32. Production of Acoustic Wind by a Vibrating Quartz 
le J Crystal. S. C. Hicut, Bell Telephone Laboratories, Inc. 
ed (10 minutes). 
cy A vibration through the thickness in an x-cut quartz 
le crystal plate causes air to circulate away from the large 


surfaces and in toward the edges of the plate. The fre- 
- quency of vibration may be several million cycles per 
second. The magnitudes of the vibrational motion (dis- 
placement, velocity, acceleration) are discussed. Equip- 
ment for demonstrating the phenomena is described. 
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33. On Forced Vibrations of a Circular Plate with Free 
Edge by Point Excitation. H. BACKHAUS AND R. SCHUENE- 
MANN, Technische Hochschule, Institut fiir Theoretische 
Elektrotechnik und Schwachstromtechnik, Karlsruhe, Ger- 
many. (15 minutes). (Read by R. Biddulph.) 

A circular Al-plate of 30 cm diameter clamped in the 
center is excited to vibrations in a special point by means 
of a loudspeaker system. This point was chosen either in 
14.5 or 7 cm distance off the center. The modes of vibration 
of the plate were studied by varying the excitation fre- 
quencies between 575 and 1230 cycles. One natural fre- 
quency of the plate with three node diameters was found 
near 600 cycles, another with one node diameter and one 
node circle near 1230 cycles. The investigation of the mode 
of vibration was carried out by measuring punctually 
amplitude and phase by means of a ‘‘touching condenser.” 
The exciting voltage and the voltage of an adjustable phase 
required for compensation was taken from a specially built 
beat tone oscillator with two outlets. The measurements 
show that the node lines become very sharp in the neigh- 
borhood of the natural frequencies. In such node lines the 
phase jumps almost unsteadily about 180°. Outside of the 
region of the natural frequencies the node lines enlarge 
to node zones within which a steady phase transition takes 
place. There are no node lines in the sense that all their 


points remain at rest at all times, but only lines of smallest. 


amplitude. The phases alongside of these lines of smallest 
amplitude vary in several cases from 90° to 270°. At the 
transition points the amplitudes become immeasurably 
small. Such transition points may be considered to be 
“true” modes of vibration. The appearance of such true 
node points presages a splitting up or a confluence of node 
lines, when the excitation frequency is increased. By 
increasing the frequency the mode of vibration develops 
in such a way that at first two neighborhood node radii 
flow together and form three islands at the plate edge. 
Then a fourth island is formed round the excitation point. 
These node lines then form a node circle in separating from 
the plate edge while two node lines form the node diameter. 
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Abstracts of Two Papers on the Supplementary Program at Pittsburgh Meeting 


December 29-30, 1934 


Microphonic, Macrophonic and Myokinetic Speech. E. W. 
ScRIPTURE, London. 


Three systems of speech are described. Microphonic 
speech consists of the vibrations that are propagated 
outward away from the speaker. These vibrations are 
produced by a system of breath currents and puffs; these 
mass movements of the air are termed macrophonic 
speech. Macrophonic speech is produced and the character 
of microphonic speech is regulated by a system of muscular 
movements; these are termed myokinetic speech. Speech is 
the result of an inner activity (inner speech). Speech 
sounds are facts of inner speech; when they result in 
macrophonic speech they are always overlapped to a 
greater or less extent. Microphonic speech consists of 
speech stretches that may be divided into speech bits; 
macrophonic speech consists of speech molecules that may 
be divided into speech atoms. Speech sounds are purely 


inner affairs; they do not exist physically. 


The Aural Loudness Level Observations of 100 Observers, 
J. C. STEINBERG AND W. A. Munson, Bell Telephone 
Laboratories. 

This paper describes a machine which alternately 
presents a sound to. be measured and a 1000-cycle reference 
tone to an observer and automatically records his judgment 
of which is louder. The machine makes possible the rapid 
measurement of loudness level and tends to subject each 
observer to the same experimental environment. The 
equipment has been used in a study of deviations arising 
in the loudness level measurements of 100 observers having 
no experience in aural measurement. Tones of 100 cycles 
and of 5000 cycles were chosen in order to represent cases 
of loudness level measurement where the difference in 
tonal character between reference tone and tone to be 
measured is large. The standard deviation of an observa- 
tion was found to be 9.5 db and 7.7 db for the 100 and 5000- 
cycle tones, respectively. The results indicate that the 
deviations arise, primarily, from differences in judgment 
as to when two sounds of different character are equally 
loud instead of from differences in an observer’s judgment 
from time to time. 
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